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What Is Psychoacoustics?” 


Gerarp G. Harris 


Beli Telephone Laboratories, Inc., Murray Hill, New Jersey 


What we can hear depends first of all on what the ear hears. It also depends on what the 
brain does with what the ear hears. On the one hand, there has been considerable study of the 
mechanical-electrical operation of the ear. Generally speaking the ear acts as a complex time fre- 
quency analyzer. On the other hand, there are extensive investigations as to what one hears sub- 
jectively; that is, the psychological aspects of hearing. Psychoacoustics includes and attempts to 
relate these studies. Why high pitch sounds are more easily masked by low pitch sounds than 
vice versa and how we can pick out a sound in space are discussed in order to illustrate the psycho- 


acoustical viewpoint. 


PSYCHOACOUSTICS AS A VIEWPOINT 


SYCHOACOUSTICS deals with one of the fundamental 

questions of our time. It certainly is not the only ex- 
pression of that question, but it is a legitimate expression of 
it. We tend to take our hearing for granted. We grew up 
with it, and it was always there. The world of sound is one 
of our real worlds. It is so real that in practical decisions 
like jumping out of the way of an onrushing car we never 
question its existence. It is only in moments of withdrawn 
and quiet contemplation that we are almost drowned with 
the feeling of how miraculous is our world of hearing. It 
is in the spirit of our time to leave this sense of the miracu- 
lous and instead to ask how all of this takes place, how it 
works, and what mechanism gives us this world of sound. 

We are becoming more aware of these questions through 
the development and use of complicated automata. Suppose 
we take a mechanical robot as an extreme example of an 
automata. If someone sets himself the task of constructing 
a robot, he would have to think how best to do the job with 
the materials at hand. Even without knowing any ultimate 
purpose, the mere fact of having to maintain itself in an 
indifferent environment would necessitate an extremely 
clever and complicated machine. 

Among other things, a self-existing machine would have 
to interact both with its immediate and with its distant en- 
vironment. Interactions always mean energy exchange, and 
two forms of energy exchange which enable communication 
at a distance are electromagnetic waves and the modes of 
vibration of the atmosphere. Consequently, the constructor 
would build into his robot devices which would be sensitive 
to both these types of radiations and which could extract 


* Presented October 11, 1960 at the Twelfth Annual Convention of 
the Audio Engineering Society, New York. 


information from them. A sensible thing to do would be to 
decide on a dynamic range and to construct the detecting 
apparatus to work as desired in that range. The device 
would not obey any natural laws exactly, but its operation 
would approach the best type of detection possible with the 
existing means of construction. The information collected 
by this device would be fed into an analyzer which was capa- 
ble of making the decisions appropriate to the life of the 
robot. 

Let us concentrate on acoustic radiations, and let us call 
the device sensitive to these radiations an “ear.” The con- 
nection between the auditory device for a robot and our 
own auditory mechanism is purely intentional. It is useful 
to look at the ear as a device for detecting and collecting 
information needed for a complicated machine. For in- 
stance, from this point of view it is quite natural that the 
ear should only approximate a best detection scheme. It 
will not be a perfect device and beyond the design dynamic 
range there will be distortion. Moreover, some of the in- 
formation coming from this device will be artifacts of the 
construction and not part of the external world. 


Such a mechanical viewpoint is useful, but it leaves out 
something important and in the presence of which our ignor- 
ance is measured. It is the fact that we experience the 
world. No matter what information is extracted by our 
two ears and processed by our brain the end result is that 
talking is heard and the sound comes from another indi- 
vidual. A robot may be constructed that would perform 
exactly as a human being would in a specified situation. 
That is, criteria could be set up whereby there would be no 
difference between the outer behavior of the human being 
and the robot. But two questions arise: does the robot ex- 
perience the world as I do and does he have the same sen- 
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WHAT IS PSYCHOACOUSTICS? 3 


sations as 1? None of us would want to believe that the 
robot experiences the world as we do, even though he be- 
haves as though he does. 

What then is the relationship between our experience and 
the mechanism which must inevitably be associated with 
that experience? This is one of the great questions of our 
time. On the one hand, psychology would like to deal with 
experience; and on the other hand, our modern scientific 
method permits us only to look at behavior and its mecha- 
nism. Therefore, in the face of the magnitude of the ques- 
tion we ask we must be satisfied with partial answers. It 
is with these partial answers that psychoacoustics is con- 
cerned. 


EXAMPLES OF PSYCHOACOUSTICAL QUESTIONS 


Psychoacoustics attempts to relate our experience of hear- 
ing with the mechanism of hearing. This can be illustrated 
by a case example. Most people are familiar with the fact 
that loud sounds can mask less intense sounds so that the 
less intense sounds are not heard at all. Now it is a psycho- 
logical fact that low-frequency sounds will mask high- 
frequency sounds easier than high-frequency sounds will 
mask low-frequency sounds. Why should this be so, and 
why should one tone mask another tone at all? 


In order to find an explanation, it is necessary to investi- 
gate the structure of the ear and its operation. Our modern 
knowledge of the physical operation of the ear is due largely 
to the work of von Békésy,' who was the first person to 
make extensive measurements of the physical properties of 
the human ear. Figure 1 shows a diagram of the ear partly 
in cross section.* The ear is a remarkable piece of construc- 
tion with so many of its features excellently engineered. 
The outer ear, or pinna, collects acoustical waves which 
flow though the auditory canal and impinge upon the ear- 
drum. The shape of the pinna not only serves to collect 
the acoustical energy, but also its asymmetry aids in telling 
if a sound is coming from the front or the back. Further 
into the ear is the auditory canal, a resonant cavity which 
reaches quarter wave resonance at about 3000 cps and aids 
the sensitivity of the ear in a frequency region where the 
sensitivity of the ear would otherwise be decreasing. The 
bones of the middle ear transmit the vibrations of the ear- 
drum to the oval window of the cochlea. Among other 
things they help match the impedance of the air as seen by 
the eardrum to the impedance of the liquid-filled cochlea. 
By their mode of vibration they also serve to protect the 
inner ear from loud noises; i.e., the mode of vibration of 
high sound levels is different from the mode at low levels. 
The inner ear consists of the vestibular apparatus with the 
semicircular canals, and the cochlea. The semicircular 

1 See, for instance, the article by G. von Békésy and W. A. Rosen- 
blith in Handbook of Experimental Psychology (Wiley & Sons, New 


York, 1951), S. S. Stevens, editor, 1075-1115. 
2B. P. Bogert, Bell Labs. Rec. 28, 481-85 (1950). 


EXTERNAL EAR | MmDOLE | INTERNAL GAR 
— 3 


( HAMMER | 
(wacceus) 
anvil 

) (cus) 

| sTmeue 
(STaP Es) 


VESTIBULAR APPARATUS 
WT SEMCIRCULAR CANALS 


| 


VESTIBULAR 
NERVE 


ossic.es 
—— 


AUDITORY 
CANAL ' 
"- CARDRU! 


r iw 
| <<. (TYMPANIC MEMBRANE) -"* 


OVAL winDOw” > 
ROUND winDow-* ie \ (a) 
EUSTACHIAN TUBE NY 

a 


OvaAL WINDOW 


STIMRUP ~~ a4 SCALs VEST BUA 


HELICOTREMA 


C—O 
ROUND _. CHLEAR 
window Rantion (b) 


Fic. 1. Schematic diagram of the human ear (Bogert, 1950). 


canals are part of the spatial orientation sense and are not 
concerned with hearing. The cochlea, so-called because of 
its shell-like shape, contains a remarkable wave analyzing 
mechanism. A schematic of an unrolled cochlea is shown 
in the lower part of Fig. 1. The cochlea consists of a tube 
separated into two halves by the cochlear partition, an im- 
portant part of which is the basilar membrane. The elastic 
constant of the basilar membrane varies by a factor of about 
one-hundred over its length. It is stiffest at its basal end 
near the oval and round windows, and it is most stretchable 
at the apical end where there is an opening connecting the 
upper and lower halves of the cochlea. 


Suppose there is a displacement of the oval window. With 
a very slow movement, as would occur for low frequencies, 
the liquid in the upper half flows from the basal to the api- 
cal end of the upper vestibule, flows through the hole in the 
apex and into the lower vestibule, then back to the basal 
end of the cochlea where having no other place to go it 
displaces the round window. The membrane displaces but 
slightly. As the frequency of motion at the oval window is 
increased, a dynamic conflict occurs between the inertia of 
the liquid in the cochlea and the force needed to displace 
the elastic membrane. If the membrane is displaced, the 
mass of liquid beyond the point of displacement need not 
be set into motion. Because the inertial forces increase 
with increased frequency of displacement a higher frequency 
is more likely to cause membrane displacement instead of 
mass motion. Due to the variation in elasticity, the point 
of maximum displacement is a function of frequency. High- 
frequency displacements only occur at the basal end of the 
membrane while low-frequency movements cause the mem- 
brane to move throughout its whole length but with greatest 
displacement at the apical end. Figure 2 gives the shape of 
the envelope of basilar membrane displacement for pure tone 
stimulation.* It is seen that low-frequency tones displace 
the high-frequency region of the membrane but high-fre- 


3G. von Békésy, J. Acoust. Soc. Am. 21, 245-54 (1949). 
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Fic. 2. Displacement amplitudes along the cochlear partition for 
different frequencies. The stapes was driven at a constant amplitude 
and the amplitude of vibration of the cochlear partition was meas- 
ured. The maximum displacement amplitude moves toward the stapes 
as the frequency is increased (Békésy, 1949). 


quency tones do not affect the low-frequency portion of the 
membrane. 

The next stage in the hearing process is the production of 
nerve impulses. Along the length of the basilar membrane 
are found rows of thin cells called “hair cells” which are 
attached to the beginnings of the auditory nerve. Motion 
of the basilar membrane causes a stimulation of the hair 
cells which in turn causes electrical impulses to travel up the 
auditory nerve. These electrical impulses are presumably 
analyzed by the brain and thus we reach some conclusion 
about what we hear. 

In terms of the motion of the basilar membrane it is then 
easy to understand why low frequencies mask high frequen- 
cies easier than high frequencies can mask low frequencies; 
namely, large low-frequency movements of the basal end of 
the membrane hide the smaller high-frequency motion, but 
the high-frequency motion does not penetrate to the low- 
frequency section of the membrane. 

In this example of a psychoacoustical phenomenon, the 
peculiarities of our hearing experience are explained by the 
mechanical operation of the inner ear. One has the feeling 


GERARD G. HARRIS 


that the asymmetry of the masking is not a primary design 
feature of the ear. That is, if we were to design an ear, 
we would try to find a good frequency analyzing mecha- 
nism. An asymmetrical masking would then be a conse- 
quence of the type of analyzer and not the other way 
around. 

Other psychoacoustic problems are not explained so easily. 
Consider the phenomenon of binaural hearing. How can we 
locate a sound as coming from a definite source out in space? 
Some of the problems related to binaural hearing are im- 
portant to the understanding of stereophonic reproduction. 
For that reason and because it is in itself a very interesting 
problem in psychoacoustics, it is worthwhile mentioning 
here.* The most prominent faculty of binaural hearing is 
that one can locate the direction of a source of sound in 
space. This faculty is given the name of “binaural locali- 
zation.” Again looking at the ear and brain as information 
processing devices, we have to find what physical stimuli 
the ear uses to tell direction. The sounds which reach each 
ear from a single source in space have interaural differences 
in intensity and in time of arrival, both of which are im- 
portant for binaural localization. Let us concentrate on the 
time information. The maximum difference of arrival time 
is about 0.4 msec and occurs when the sound comes from 
one side or the other. Sounds coming from the forward 
direction have time differences that are much smaller. 
Yet the ears in concert are able to distinguish these small 
time differences. How the ears do this is a psychoacoustical 
question. 


Each ear can, to a certain extent, tell time. At very low 
frequencies (for instance, 100 cps) the auditory nerves fire 
in synchrony with the acoustical waves and so there are 
volleys of nerve impulses traveling up the nerve bundles to 
the brain. There are the same number of volleys per second 
as the frequency of the acoustical waves. The brain can 
use this timing information to tell pitch. But the nerves 
are sluggish and if the frequency of the tone is too high, 
the nerve impulses are not synchronous with the tone so 
there is no timing information in the nervous system. How- 
ever, even at the high-frequency end of the membrane there 
can be time information as well as place information. For 
even though the nerve impulses cannot follow high-fre- 
quency sounds they can follow the envelope of the high- 
frequency sounds. 

We have just described the basilar membrane as a fre- 
quency analyzer, which it is. But it is not a perfect spec- 
trum analyzer. Helmholtz pictured the ear as operating 
like a series of narrowly tuned strings similar to a piano, 
each one resonating to a particular frequency and un- 
coupled to the neighboring strings. The basilar membrane 
does not act in this way. Every point on the membrane 
does produce a maximum response for a particular fre- 
quency, but the response is not narrow. Each point on the 


4 See, for instance, G. G. Harris, J. Acoust. Soc. Am. 30, 131 (1958). 
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Fic. 3. Oscilloscope pattern of gated random noise. Random noise 
was passed through a 0.5-msec gate and the resulting stimulus was 
band passed from 4800-15,000 cps. The envelope frequency may be 
heard with repetition rates up to 500 cps. 


membrane responds to roughly an octave band about the 
frequency of maximum response. This means that on the 
high-frequency end of the membrane the octave band may 
be about 5000 cps wide and fluctuations in the envelope 
such as produced by beats can be heard up to frequencies 
of 800 cps. Figure 3 shows a stimulus which is produced 
by gating random noise. White Gaussian noise is passed 
through a gate of 0.5 msec duration. Background is added 
to the gated noise in order to mask any switching transients. 
The resulting noise is high-pass filtered to insure that there 
is no signal at the gating frequency. A flat noise power 
spectrum is unaffected by the gate. In other words, the 


| power spectrum of the gated noise is flat if the power spec- 


trum of the ungated noise is flat to begin with. If the ear 


were a narrow band spectrum analyzer there would be no 
information on the gating frequency in the inner ear. As 
previously stated this is not the case. 


When the gating 


ess sEC_— 


Fic. 4. Oscilloscope pattern of speech illustrating its envelope struc- 
ture. “Few thieves are never sent to the jug,” was spoken. 


5 
frequency is varied from 60 to 1000 cps a listener can detect 
a pitch up to about 500 cps. 

Most sounds have sudden variations in intensity. Speech, 
for instance, has many sharp attacks and decays. Figure 4 
shows a plot of the intensity of speech as a function of time. 
The variations in intensity are very apparent. Because the 
ear can follow these sudden changes of intensity their times 
of occurrence are marked by volleys of nerve impulses. The 
timing information contained in the volleys is combined by 
some brain center to produce a binaurally localized sound 
image. Exactly how this is done is not known, but the rela- 
tive time of these volleys between the ears can be determined 
by the nervous system to be as small as 10 wsec. That is, 
we hear a difference for time increments this small. It is 
interesting that we can be so accurate with binaural time 
differences even though each ear only has a resolution of 
about 2 msec. 

A fascinating way in which the binaural time difference 
is used by the human being is in his ability to pick out one 
conversation from many—provided that the location of the 
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Fic. 5. Schematic diagram of apparatus to reproduce the cocktail 
party effect. 
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different conversations are separated in space. This phe- 
nomenon has been called “the cocktail party effect.” The 
advantage of two ears over one ear in this situation can be 
given a number. The signal-to-noise ratio is the ratio in 
db of the lowest speech intensity which can be intelligently 
perceived in a background of noise, to the intensity of the 
background noise. The signal-to-noise ratio which can be 
tolerated by two ears is more than 12 db better than that 
which can be tolerated by one ear,” again provided that the 
signal and noise come from different locations. In other 
words if two ears are used, speech may be intelligibly heard 
in 12 db more noise than when using one ear alone. An im- 
provement as great as 12 db is not easy to explain. A linear 
addition of the inputs into the two ears in which the signal 
is correlated and the noise uncorrelated would produce at 
best only a 3-db improvement. Some more complicated 
operation than simple linear addition must be used. There 
have been a number of suggestions as to how this could be 
accomplished. One interesting practical application has 


5]. Pollack and J. M. Beckett, J. Acoust. Soc. Am. 30, 131 (1958). 
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been developed at the Bell Telephone Laboratories by 
Kaiser and David® and is illustrated in Fig. 5. Sound in- 
puts from two microphones are added and fed to a variable 
gain amplifier. The gain is adjusted by the short time cor- 
relation in the envelopes of the two inputs. The inputs from 
the microphones can be delayed with respect to each other 
before the correlation takes place. With two speakers situ- 
ated at different points in space, the intermicrophone delay 
can be set so that only the speech of one speaker is highly 
correlated. Remember that with a constant gain this could 
produce only a maximum of 3-db improvement in the signal- 
to-noise ratio. By increasing the gain when the speech 
envelopes are correlated and decreasing the gain when they 
are not, the signal-to-noise ratio can be improved by ap- 
proximately 8 db. There is, of course, no implication that 
the brain operates in the same fashion. 

In this brief and incomplete tour of psychoacoustics, we 
have traveled from the world of experience to that of prac- 
tical device application with the guide that all experience 
must have a physical correlate. Rather than try to describe 
the range of all the problems in psychoacoustics, the author 
has attempted to give its viewpoint. To do this only one 
or two of the many interesting problems have been touched 
upon. The more that is known the more awesome the pic- 


6 J. F. Kaiser and E. E. David, Jr., J. Acoust. Soc. Am. 32, 918 
(1960). 


GERARD G. HARRIS 


ture becomes and still we are only at the beginning. We 
will, no doubt, learn much more about how we hear but at 
the basis of our urge to know will be that unanswerable fact 
that we do hear. 
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Effect of System Parameters on the Stereophonic Effect” 


Harwoop B. Moore 


General Electric Company, Utica, New York 


Subjective listening tests, employing pre-recorded stereophonic program material have been 
conducted on the effects of parameters such as system matching, separation, and volume to deter- 
mine their relationship to the psychological and physiological stereophonic effect. This paper docu- 


ments these tests and summarizes their results. 


INTRODUCTION 


— paper is a progress report of the continued efforts 

of General Electric in our study of the nature of stereo- 
phonic intelligence and concerns a study of the relationship 
between the stereophonic effect and the following parame- 
ters: (1) distortion, (2) system matching, and (3) rever- 
beration. 


BACKGROUND 


Earlier progress has been reported via two previous pa- 
pers. The first, presented to the AES in the fall of 1959, 
was related to the perceptibility of low- and high-frequency 
directional information in stereophonic intelligence.' The 
other report, presented to the IRE in the spring of 1960, 
concerned listener preference as related to a variety of repro- 
duction techniques.” 

These tests employed all the recommended techniques 
outlined by Schjonneberg and Olson* and were statistically 
analyzed to obtain the resulting ranking. 

These same testing and analytical techniques have been 
continued in this present study regarding the parameters 
previously listed. 


PROCEDURE 


The tests were conducted in a listening room shown in 
Fig. 1. Listeners were chosen from engineers, draftsmen, 
technicians, and secretaries and then tested one at a time. 
In all cases, listeners were never restricted on time. 

High-fidelity components and a broadcast quality tape 


* Presented October 11, 1960 at the Twelfth Annual Convention of 
the Audio Engineering Society, New York. 


1W. H. Beaubien and H. B. Moore, J. Audio Eng. Soc. 8, 76 
(1960). 

2H. B. Moore, “Listener Ratings of Stereophonic Systems,” pre- 
sented at the 1960 IRE International Convention in New York City 
on March 21, 1960. 

3K. Schjonneberg and F. Olson, J. Audio Eng. Soc. 9, 29 (1961), 
this issue. 


deck were employed to reproduce the pre-recorded stereo- 
phonic tapes. The program material varied and is docu- 
mented for each particular test. 


To facilitate reviewing each test independently, a com- 
plete presentation of each will be undertaken prior to pro- 
ceeding to the next. The format for each will include: (1) 
testing area arrangement, (2) equipment description and ar- 
rangement, (3) important measurements, (4) what observ- 
ers were told, (5) what observers were asked, (6) data, 
(7) results, (8) analysis of results, (9) speculative analysis, 
and (10) conclusions. 


MEASUREMENTS 
IM _ Distortion 


The input to the amplifier was the sum of 100 cps at 280 
mv and 7000 cps at 70 mv. 


The distortion circuit was terminated with a 10-ohm re- 
sistive load. 

Let E,, and E,, be the output voltages measured across 
the 10-ohm loads at frequencies 7000 and 100 cps, respec- 
tively. 

The treble and bass controls on the amplifier were ad- 
justed to give a flat frequency response so that E,,/E,, = 4 
at an output level of 0.9 w. 

The output voltages at frequencies fo, f:, fi: 2 fe, fi & 2fe, 
fi + 3fe, fi: + 4fe, and f; + Sfe were measured using a wave 
analyzer at various output levels. (Output level was ad- 
justed with the amplifier gain control.) 

The IM distortion at the different distortion levels was 
then calculated using the following formula.’ 


%o IM = 
100 { |£ +E 


(f, +42) 


|+[Ey +2 +E 


2f.) (4,- 2%) 


(f,-fe) ] +...}% 


EY 


4 Radiotron Designers Handbook (Wireless Press, Sydney, Australia, 
1953), fourth edition. 
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Fic. 1. Testing area arrangement. 


In order to provide a common basis for comparing IM 
and harmonic distortion and to provide a method of calcu- 
lating power of a complex audio wave, the power output for 
the above measurements was taken to be proportional to the 
square of the sum of the output voltages. This is known as 
the equivalent single frequency power output. 


Harmonic Distortion 


Harmonic distortion was measured directly with a distor- 
tion meter at the various output and distortion levels with 
a 1000-cps 0.5-v input. 

The results of these measurements including those taken 
for the nondistorted condition are shown in the graph in 
Fig. 2. Figure 3 shows the equipment block diagram and 
Fig. 4 shows the distortion circuit. 
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Fic. 2. Distortion characteristics. 
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Observers Test Instructions 


Observers were told that the test variable was distortion 
and that they were allowed as much time as they desired. 

The listeners were asked to switch between A and B and 
to record the condition they liked best on the test sheet pro- 
vided (Fig. 5). The data are documented in Table I. 


CONTROL 


ve ™ eo 
TAPE DISTORTION 
T K 
veck|a_| AMP CIRCUIT . oi 
! 
ogy ISTENER'S 
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Fic. 3. Equipment block diagram. 
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Fic. 4. Distortion circuit (shown for one channel only). (1) Un- 
distorted level control. (2) Distortion channel. AD is A distorted, 
and BD is B distorted. 


OBSERVER 

TESTER 

DATE 

GROUP 1 GROUP 2 GROUP 3 GROUP 4 
1 1 1 1 

2 2 2 2 

3 3 3 3 

GROUP 5 GROUP 6 GROUP 7 GROUP 8 
1 1 1 1 

2 2 2 2 

3 3 3 3 


Fic. 5. Test sheet. 


Results 


The results are presented in Table II and are plotted in 
graph shown in Fig. 6. 


Analysis of Results 


From statistical analysis it is seen that (1) for less than 
4.6% probability of random agreement there must be more 
than 12.75 votes for nondistorted, (2) for less than 5% 
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Taste I. Data." 


7—— Stereo —_, -——Monaural—_, 
Selec- %H.D.© 5.5 85 11 17 3S 8S 2 OF 
Observer tion” %IM.D.4 25 36 42 63 25 36 42 63 
1 os a ee se #2 2 
1 2 A A B A >» 2 a2 Bb 
3 oe oe Ss A A B 
1 » AA SA A A B B 
2 2 » 8 sf » 2 s+ -z 
3 A = 2 .@ » 8&F &£ & 
1 ' ee ee ee Sf A RD 
3 2 » 2 8  S ie 2a “we 
3 B-B A B A A A B 
1 4. a & & -. a &2& BB 
4 2 a ae ee B B A A 
3 A 8 A SB B A A B 
1 3 8 Be B B A B 
5 2 iz SS Ae A B A A 
3 » 4 A 2 > x = @ 
1 B B A A i #2 i BD 
6 2 = = a» 2 2 SS 
3 X- 2 2 @ et eee WE 
1 » @- sf a. 8 2&2 8B 
7 2 > &- FE A » B&B 8A 
3 a” 3-2 @ 2 a oe 
1 > 2 2 lh » 2° 2S 
8 2 a 2. a: a fe ae 
3 = i AP rf. eS 
1 == a a B A A B 
9 2 B A B A ee oe ee 
3 a ae - -— - oe 
1 A A B A B A A B 
10 2 A A B A °° SAS 
3 A A B B ae i ae 
1 A A A A i! Aa ae 
11 2 B A B B - = A - s 
3 a a » 2 A SB 
1 48 A @ 4.4 2 & 
12 2 » 2 @ S&S A B A A 
3 A 2 #8. B A B B 
1 a oa | ££ 2. 8B. 3 
13 2 zz a a = oT 
3 yy @ A 2 B A B B 
1 A B B A a a ae 
14 2 A A B A A B A A 
3 a ae ae @ 2 & FB 
1 A 8 A & a a ae 
15 2 a4 8 é4 SD Zs. 8 & a 
3 A B A A B A A B 
1 A A A A  —— a 
16 2 A A A A , oe ee ee 
3 B A A B a” a: a2 oO 
1 A A B A oe ie ae 
17 2 zz = | >» ms 2 SS 
3 Ss 2.8 2 a =. 


“Italic A’s and B’s indicate selected distortion. 

»Selection 1 is Rachmaninoff’s “Concerto No. 1,” Chicago Sym- 
phony Orchestra, RCA tape No. CC5-65. Selection 2 is Tchaikovsky’s 
“1812 Overture,” Chicago Symphony Orchestra, RCA tape No. ACS- 
26. Selection 3 is “Party Night at Joe’s,” Joe Reisman, RCA tape 
No. CPS-73. 

© Here, H.D. means harmonic distortion. 

“Here, IM.D. means IM distortion. 


probability that ranking is random there must be more than 
13.9 votes for nondistorted, and (3) for less than 5% prob- 


ah 
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$ 
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5 10 is 20 
% HARMONIC DISTORTION 
Fic. 6. Results. 


ability of random difference there must be more than 11.65 
votes for nondistorted. 

The latter (3) is the actual test of the data and is the 
most important. The first two tests are tests of the judges. 
The requirements of the two tests of the judges must be met 
before the difference test is meaningful. 

Referring to Table II, it is seen that only the data for 
the highest distortion meet the above requirements. 


Discussion of Results 


If the plot of Fig. 6 is assumed to be of enough signifi- 
cance to extrapolate the values of IM = 53% and harmonic 
= 14% as the points at which listeners significantly rejected 
the distorted signals, then one’s reaction is that these are 
higher values than expected. 

Perhaps these values are high because of too strict a sta- 
tistical requirement. The votes show that more than half 
rejected all of the distorted signals and no conclusion can 
be made at what point a significant number of people will 
accept a given amount of distortion. This is an area for 
further investigation. 

In addition, perhaps the high values resulted from distor- 


Taste II. Results (votes for nondistorted). 


IM distortion 25% 36% 42% 63% 
Harmonic distortion 5.5% 8.5% 11% 17% 
1 7 11 10 16 
Stereo 2 11 14 14 16 
3 10 11 12 14 
Ay. 933 12 12 15.33 
1 9 ) 14 17 
Monaural 2 10 12 13 17 
3 12 13 11 16 
Av. 10.33 11.33 12.67 16.67 
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Fic. 7. Listening area. 


tion within the pre-recorded program material or from 
acoustical reproduction. The measured distortion values 
are distortion difference percentages if the program material 
or acoustics are not completely clean. However, the pro- 
gram material and acoustics are representative of that avail- 
able at the market place and this “difference” value is that 
which is used for amplifier design specifications. 

Figure 6 depicts the results of each test and indicates 
very similar findings when one considers that the stereo- 
phonic tests were independent of the monophonic tests. 
That is, straight monophonic material was compared to the 
monophonic material with distortion added, and then stereo- 
phonic material was compared to the stereophonic material 
with distortion added. 


Conclusions 


Distortion is equally undesirable in the reproduction of 
stereophonic music as in monophonic music. Significant 
listener rejection of distorted stereophonic and monophonic 
music appears to occur when an intermodulation level of 
53% and a harmonic distortion level of 14% is reached. 


MATCHED SYSTEMS TEST 


Figure 7 shows the listening area and Fig. 8 shows the 
equipment block diagram. 


‘ 


MEASUREMENTS 


The frequency response of the standard and test ampli- 
fiers for the control setting used in each is shown in Table 
Ill. 


Observers Test Instructions 


Observers were told that the test involved comparing two 
stereo systems. 


Taste III. Frequency response of standard and test amplifiers, 


Standard, Test No. 1, Test No. 2, Test No. 3, 
db db db* 

Frequency L R L R L R L R 
10 ke 8.7 9.0 44 9.1 8.3 8.8 85 88 
7.5 ke 84 85 45 84 83 83 83 84 
5.0 ke 93 93 59 95 93 93 94 93 
2.5 ke os 33 61 90 91 8.9 93 90 
1.0 ke 89 8.9 5.7 9.0 88 8.6 89 89 
400 cps 98 100 65 104 95 97 96 103 
200 cps 11.9 118 84 119 115 119 11.5 119 
100 cps 95 9.6 5.9 9.2 8.9 10.7 90 92 
50 cps 116 113 85 11.0 114 144 115 110 
Test No. 4, Test No. 5, Test No. 6 Test No. 7, 

db db db* db 

Frequency L R L R L R L R 
10 ke 83 838 85 118 85 8.9 119 89 
7.5 ke 83 84 83 10.9 83 84 116 84 
5.0 kc 93 G33 93 11.9 S53 -93 12.1 94 
2.5 ke 92 89 93 10.7 92 8.9 10.9 90 
1.0 kc 86 8.9 88 9.5 86 88 93 89 
400 cps 90 10.2 95 104 96 103 96 103 
200 cps 110 11.9 115 11.9 114 118 115 119 
100 cps 110 90 90 91 89 9.1 89 91 
50 cps 16.1 10.8 11.5 10.9 11.5 11.0 11.5 110 


! 
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Fic. 8. Equipment block diagram. 


The listeners were asked to switch between the two sys- 
tems and to listen for instrument position shifts and inten- 
sity changes in order to determine whether or not the 
systems were matched. Then each was to indicate his deci- 
sion on his test sheet (Fig. 9). Table IV shows the data 
and Table V the results. 


Analysis 


Statistical analysis reveals that (1) there must be 9.68 
favorable votes for 4.6% probability of random agreement, 


(A) (B) 
SYSTEMS ARE SYSTEMS ARE 
TEST NO. MATCHED NOT MATCHED 
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5 sittin incate 
6 cacaaecinais 
7 aieabie 
Fic. 9 
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Taste IV. Data." 


(Selection: “Love in the Afternoon” by the Three Sons, RCA tape KPS3033) 


co Test No. — 
Listener 1 2 3 4 5 6 7 
1” A A A A A A A 
a A A A A A A A 
3 B B A B B A B 
4 A A A B B \ A 
5” B B B B B B B 
6” A A A A A A B 
7” A B B A A B A 
8 B B B A A B B 
i) B A A A B B B 
10” A A A A A A A 
11 B B A A A B A 
12 B A A B B A B 
Relation- Risup4db Risup3db Matched LisupSdb Risup3db Matched Lisup3 
ship of test at all fre- at 50 cps within at 50 cps atiO0kcand within db at 10 
amplifier to quencies 0.5 db 2.5 db at 0.5 db ke and 2.5 
standard 5 ke db at 5 ke 


*Here A means answered systems matched, B answered systems not matched, and italics indi- 


cate wrong decision. 
» Substitute observer. 


Taste V. Results. 


Test No. 1 2 3 4 5 6 7 
Correct decisions 6 5 9 4 5 7 6 


(2) 9.72 favorable votes for 5% probability of random 
ranking, and (3) 8.55 favorable votes for 5% probability 
of random difference. There are no tests which meet these 
requirements. 


Conclusions 


Listeners were unable to significantly determine a mis- 
match of +5 db on one channel of a stereophonic reproduc- 
tion system when compared to a system matched +'% db 
channel to channel. No correlation between the listener’s 
hearing ability and his test results was detected. 


STEREO REVERBERATION TESTS 
Testing Area Arrangement 


The testing area arrangement is the same as in the 
matched systems test (Fig. 7). Figure 10 shows the equip- 
ment block diagram. 

The listener’s control permitted the resonance effect to 
be added or removed as the listener desired. The listener’s 
control switch performing this function was modified by the 


TAPE 
DECK 


AMP. TO SPEAKERS 


UNIT 


4 
7) Listener's 
CONTROL 


Fic. 10. Equipment block diagram. 


control room operator such that the listener would never 
know which position added reverberation. 


Measurements 


The response of the resonance producing circuitry was set 
within 1 db of the manufacturer’s recommendation for the 
particular delay device employed. The amount of reso- 
nance varied from selection to selection but was preset at 
a level considered pleasing for the selection as documented 
in Table VI. 


The amplifier response and volume were preset for com- 
fortable pleasant listening and did not vary throughout the 
tests. 


The resonance unit was of the type having two parallel 
delay networks with delays of 37 and 29 msec and a decay 
time of 2 sec at 300 cps. The stereo signal was summed, 
sent through the resonance unit, and returned to each chan- 
nel. 


Taste VI. Selections with resonance levels. 
Selection Resonance, 

No. Title Identification db* 
1 The End on Bongos Hi-Fi R804 ~12.75 
2 Pathetique Symphony No. 6 RCA GCS-5 - 84 

in B Minor 
3 Donnybrook with Donegan Capitol ST1226 -16.5 
4 Stereo Adventures in Exotic 

Lands Belcanto ST11 -10.5 
5 Concerto for 2 Violins and 

String Orchestra in D Minor Concert Hall -11.4 
6 It’s the Talk of the Town Columbia GCB-47  -13.2 
7 Rachmaninofi 2nd Piano RCA ECS-19 -12.0 

Concerto 
8 Straight Down the Middle RCA CPS113 -14.4 


* Here 0 db = 1 v of nonresonant information. 
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Observers Test Instructions 


Observers were told nothing about what was being tested. 
They were asked to indicate a preference between condi- 
tions A and B and to note same on a test sheet similar to 
Fig. 11 by a check mark. 


TEST NO. A B 

1 inpatetiieiecs 

2 jaan Laceecias 

3 "I a 

4 Gcaidgine aes 

5 saciigdieneesins 

6 ones ands le 

7 — a 

8 en Sa 

OBSERVER 
Fic. 11. 
The data are documented in Table VII. 
Taste VII. Data.* 

Selection No. —————————_ 
Observers 1 2 3 4 5 6 7 8 
- A A B B A A B A 
2 B A B A B A B B 
Kd A A B B B A B B 
4 A B B A A B A A 
5° A A A B B A B B 
6 B A B A A B A A 
7 A B B B B A B B 
ss A A B B B A B B 
9" A A B B B B B A 
10" B A B B A A A B 
11° B B A A A B B B 
12 A A A B B A B B 


“Italics indicate preference for resonance. 
» Substitute observer. 


Results 


The results are summarized in Table VIII in accordance 
with numbers of preferential votes. 


Taste VIII. Results of resonance tests. 


Selection No. 1 2 3 4 5 6 7 8 
Preferred normal stereo 4 3 9 4 5 4 3 4 
Preferred resonance 8 9 3 8 7 8 9 8 


Analysis of Results 
Since the statistical significance of results with preferen- 
tial votes of 8 or less out of 12 is questionable, data with 
more than 8 votes were investigated. 
With 9 favorable votes out of 12, Table IX indicates the 
probability of the conclusions which will be drawn. 


Taste IX. Probability data. 


The two pieces of program material preferred with reso- 
nance are classical in nature, while the selection preferred 
without resonance is of the popular variety. If this differ- 
ence between classical and popular is of any consequence, 
perhaps it is because listeners associate a great deal of reso- 
nance with orchestras playing classical music in large halls 
whereas listeners do not have this association for smaller 
bands, or perhaps the popular selection already contained 
sufficient resonance. 


Conclusions 


The addition of resonance to stereophonic reproduction is 
preferred for some program material. Other stereophonic 
program material is preferred for reproduction without the 
addition of resonance. (One does not follow from the 
other.) 


SUMMARY 


Subjective listening tests have been completed regarding 
the effects of distortion, system matching and resonance. 
It was learned that: 

1. Distortion is as important in stereo as in monaural. 

2. A mismatch as high as 5 db on one channel in a stereo 
system could not be significantly differentiated from a 
matched system. 

3. The optionality to add or not add resonance to stereo- 
phonic program material is required for maximum listener 
satisfaction. 
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Distortion of Auditory Perspective Produced 
by Interchannel Mixing at High and Low Audio Frequencies” 
Donatp S. McCoy 
RCA Laboratories, Princeton, New Jersey 


This paper describes an attempt to determine by subjective test, the nature and degree of dis- 
tortion of auditory perspective produced when L—R or difference information of the two stereo 
channels is attenuated at either high or low audio frequencies. 
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HE usual stereophonic program source consists of a 

left signal and a right signal, each a full bandwidth. The 
total information content is not altered if two new signals 
L-+ R and L—R are derived from the original stereophonic 
signals, L and R. The sum signal, L + R, is generally ac- 
cepted as a compatible signal suitable for monophonic repro- 
duction. It can be said then that the difference signal, 
L—R, contains the directional information, or at least con- 
tains that additional information necessary to create for the 
listener the illusion of auditory perspective. If it can be 
shown that all the significant directional information is con- 
tained in a band of frequencies smaller than the normal 
audio band, then it is clear that the total required band- 
width for the transmission of stereophonic sound can be 
reduced without degrading the quality of the stereophonic 
reproduction. 

This is one of the considerations which has prompted, in 
the past, rather considerable conjecture concerning the 
range of audio-frequency components which convey direc- 
tional information to the human listener. Investigations 
have been carried out by a number of people attempting to 
define the difference signal frequency band for which there 
is a “just noticeable difference” between the band-limited 
presentation and the full frequency presentation. It is prob- 
ably correct to say that the general result of such investiga- 
tions has been to show that some directional information is 
conveyed by frequency components over almost the entire 
audio-frequency band. 

It is unfortunately characteristic of the majority of sys- 
tems which have been proposed for broadcasting stereo- 
phonic programs to the public that either technical or 
economic considerations dictate some compromise of the 
difference-signal bandwidth from the ideal. The natural 
consequence of any such compromise is a distortion of the 


* Presented October 11, 1960 at the Twelfth Annual Convention of 
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auditory perspective in the stereo reproduction. This paper 
describes a series of subjective tests which were undertaken 
in an attempt to determine the nature and degree of the 
degradation which results from a given amount of band 
limiting of the difference signal. 


THE NATURE OF THE DISTORTION OF 
AUDITORY PERSPECTIVE 


Figure 1 depicts the basic operations which were per- 
formed on the stereo signals. 


The first matrix amplifier was supplied with stereophonic 
signals L and R and provides the sum, L + R, and the dif- 
ference, L—R, of the two input signals. The difference sig- 
nal is then passed through a filter which was either high 
pass, low pass, or band pass. The sum signal and the 
filtered difference signal were then applied to the second 
matrix amplifier which again performed a sum and difference 
operation to produce L’ and R’, the modified stereo signals 
which were amplified and reproduced by the loudspeakers. 

If the filter had zero attenuation and a signal were ap- 
plied only to the left input, an output would appear only 
from the left loudspeaker and the observer would say that 
the sound is coming from the left of the sound stage. 


If some attenuation were introduced into the L—R chan- 
nel, with the signal again applied only to the left input, the 
output of the left loudspeaker would be reduced and a small 
signal would appear at the terminals of the right loud- 
speaker. To the observer, seated on the stereo axis, the 
sound would appear to have shifted toward the center. 

Therefore, if the filter piaced in the L— R channel were a 
low-pass filter, the higher frequency components would 
appear to be displaced toward the center while the lower 
tones remained at one side. The result may appear to some 
observers to be a shift in the position of the musical instru- 
ment or to produce an unnatural spread of the sound source, 
giving, for instance, the effect of a 5-ft-wide oboe. 
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Fic. 1. Basic operations performed on the stereo signals. 


This effect is illustrated by Fig. 2 for two low-pass filters 
which cut off at different rates. The filter with the gradual 
cutoff produces, for this particular sound, a uniform spread 
of sound source while the sharp cutoff filter produces the 
effect of a split sound source. 


Whether the sound source appears to spread or shift in 
position depends upon the cutoff frequency of the filter and 
the frequency spectrum of the program material. The tests, 
which will be described, were devised to yield an estimate 
of the amount of sound source spread or position shift as a 
function of the range of frequencies passed by the filter in 
the difference signal path. 


THE NECESSITY FOR PHASE COMPENSATION 


These tests were prompted originally by the necessity for 
determining reasonable bandwidths for broadcasting stereo- 
phonic programs on both AM and FM systems. In an FM 
system in which the L—R signal modulates a subcarrier it 
is desirable to confine this signal to a well-defined band and, 
therefore, a sharp cutoff filter attenuating at 36 db/octave 
was used to stimulate this condition. In some of the AM 
stereo broadcast systems which have been proposed, it is 
desirable to attenuate either high or low audio components 
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Fic. 2. Apparent spatial distribution of harmonic components. 


of the L—R signal but at a more gradual rate. A 6-db/ 
octave filter was used to simulate this condition. 

When filters are introduced into the difference channel, 
those frequency components which are attenuated are also 
phase shifted. Unless this phase shift is compensated for in 
some fashion, there will be undesirable peaks and dips in 
the response of the reconstituted signals, R’ and L’. 

The most convenient way of compensating for the phase 
shift in the L—R channel is to introduce into the L + R, 
or sum channel, an all-pass network with a phase shift which 
duplicates that in the difference channel. The phase com- 
pensation networks which were used are shown in Fig. 3. 

It is possible to make an almost perfect compensation for 
the 36-db/octave filter with the circuit shown. It is not 
possible to obtain perfect compensation for the 6-db/octave 
filters, but an excellent approximation can be made with 
the network shown by suitable choice of component values. 

It is obvious that such all-pass networks will produce 
phase distortion of the signals passed through them; i.e., a 
square wave applied to the input of the all-pass network 
will not have the wave shape of a square wave at the output 
because of the relative phase shift between the harmonic 
components. However, at moderate listening levels it is 
extremely difficult to detect this type of distortion. 


THE EQUIPMENT 


The basic circuit configuration is shown in Fig. 4. The 
matrix amplifiers provided two outputs, one proportional to 
the sum of the two inputs and the other proportional to the 
difference of the two inputs. These amplifiers had flat 
(+0.5 db) frequency response from 20 to 20,000 cps. 
When two of these matrix amplifiers were connected in 
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6 db/ OCTAVE FILTER AND PHASE COMPENSATOR 
Fic. 3. Phase compensation networks. 


cascade, with a signal applied to only one input, the cross- 
talk was down at least 50 db over the entire audio range. 

The sharp cutoff filter used was a Spencer-Kennedy Labo- 
ratories (SKL), Model 302, variable electronic filter. When 
both sections of this filter are used in cascade, it is capable 
of providing 36 db/octave attenuation either as a high-pass 
or low-pass filter. The corresponding phase-compensating 
all-pass network shown in Fig. 3 was designed to have a 
flat frequency characteristic over the entire audio band and 
to track the phase shift of the SKL filter to within a few 
degrees at all frequencies. The all-pass network was not a 
variable device, however, and it was necessary to choose a 
new set of components for each frequency setting of the 
SKL filter. 

The 6-db/octave filter was a simple RC network which 
requires no explanation. It was found that an excellent ap- 
proximation to the phase characteristics of this filter could 
be obtained with the all-pass network shown in Fig. 3 by 
choosing the critical frequency of the all-pass network to 
be approximately 3 times the nominal cutoff frequency of 
the RC network. 


THE TESTING ROOM 


The tests were conducted in one of the “listening rooms” 
of the RCA Laboratories. The floor of the room chosen was 
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Fic. 4. Basic circuit configuration. 


POWER 
AMPLIFIER 


LOUDSPEAKERS 


covered by carpet and the ceiling with acoustical tile. The 
walls, however, were fairly reflective so that the room must 
be classified as reasonably “live.” 

The loudspeakers used were RCA LC-1A loudspeakers, 
specially selected and adjusted to have closely matching 
characteristics over their entire range. These loudspeakers 
had reasonably flat response from 50 to 15,000 cps. The 
loudspeakers, suitably baffled, were placed 10 ft apart be- 
hind a thin cloth curtain which was front lighted to prevent 
the subject from seeing the position or number of loudspeak- 
ers. The listening subjects were placed on the axis of both 
loudspeakers, equally distant from either, and 10 ft back 
from the center of a line joining the centers of the loud- 
speaker cones (see Fig. 5). 
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Fic. 5. Listening room configuration. 


A calibrated scale, marked off in 4 ft intervals and num- 
bered at % ft intervals, was placed in front of the curtain 
at eye level to serve as a position reference. All of the 
equipment was placed in the control room behind a wall to 
the observer’s left where the observer could neither see nor 
hear the manipulations of the operator. 

The subject was asked to position himself by placing to 
the tip of his nose a ring attached to two light wires run- 
ning from the two ends of the position scale. No head 
clamp was used, but the subject was asked not to move his 
head excessively from this position. 


THE TESTS 


The subjects chosen ranged in age from 22 to 55 years 
old and were all male members of the technical staff or tech- 
nicians. They were drawn, however, from groups having no 
knowledge of the nature or purpose of the tests. The exclu- 
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sive use of technical people may not be entirely justifiable, 
but the choice was made on the grounds of expediency. It 
proved to be much easier to explain to the technical people 
the nature of their responsibilities as test subjects and they 
were, as a group, much more willing to accept the premise 
that it was a system of some sort that was under test and 
not they themselves. 

The basic procedure of the tests was as follows: The lis- 
tener was exposed to a stereophonic sound presentation in 
which the difference signal, L—R, had been modified by a 
suitable filter. He was asked to estimate, by reference to 
the position scale, the amount of position shift or spread 
of the sound source with respect to a reference condition in 
which no filter was used. 

The subjects were told only that they were participating 
in a sound location test. The word “stereophonic” was not 
used, and they were not able to see the loudspeaker con- 
figuration nor were they told the nature of the modifications 
being made by the operator. Precautions of this kind were 
felt to be necessary to prevent preconditioned biases from 
influencing the results. 

The tests required some concentration, and it was found 
that some listener fatigue became apparent if the tests lasted 
longer than about 20 min. 


THE SHARP CUTOFF FILTER TESTS 


The sharp cutoff filter tests were performed first and the 
procedure used was somewhat simpler than for the 6-db/ 
octave tests and so will be discussed first. 

The listeners, tested one at a time, were seated at the 
small table and were given a control box with a push button 
labeled “reference.” When this button was pushed, it re- 
moved the filter and the phase compensation network from 
the circuit. 

The signal from a monophonic musical recording was 
applied to the left or right input terminal of the first matrix 
amplifier. As the filters were adjusted to pass a smaller 
band the sound appeared to the observers to spread from 
one side toward the center. 

The same musical selection was played for a series of 
short tests with different frequency settings of filter and 
corresponding phase compensator for each test. The nomi- 
nal cutoff frequency is that frequency at which the filter 
response is down 3 db. A randomized order of filter settings 
was chosen, and this same order was used for each subject. 
During each test the subject was asked to determine the 
position of the highest and lowest frequency components he 
was aware of, returning at any time he chose to the reference 
condition simply by pushing the reference button. 

The music used for the 36-db/octave tests was from an 
RCA Victor monophonic recording entitled “Bang, Baaroom, 
and Harp,” side 1, band 3, a 2-min selection containing 
mostly wide frequency range melodic percussion. As is 
true in any subjective test of this sort the choice of program 
material may influence the result. However, the decision 
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Fic. 6. Observed spread of sound source vs nominal filter cutoff 
frequency 36-db/octave filter in L-—R channel, L + R channel phase 
compensated. 


was made to use musical selections because tests with wide 
band noise indicated that listener fatigue took place too 
rapidly to perform adequate tests. 

For the high-pass filter tests the nominal filter cutoff fre- 
quencies chosen were: full range, 150, 200, 300, and 500 cps. 
For the low-pass filter tests the filter cutoff frequencies 
were: full range, 8000, 7000, 6000, 5000, and 3500 cps. The 
results of these tests are shown in Fig. 6. The curves show 
the average spread of sound source observed by 24 subjects 
for both high- and low-pass filters. Five feet represents a 
spread of one-half the speaker separation. It may be seen 
that a spread of 2 ft is observed when the high-pass filter 
cutoff frequency is about 250 cps and for the low-pass filter 
at a frequency of about 10,000 cps. 


THE 6-DB/OCTAVE TESTS 


The 6-db/octave filter tests were conducted somewhat 
differently. The listener was now supplied with a box con- 
taining a reference push button and a potentiometer. By 
means of the potentiometer, which was calibrated in arbi- 
trary units, he could vary the nominal cutoff frequency of 
the RC filter in the L—R channel. The listener was told 
that each test would consist of two parts. During the first 
part of each test he should set the potentiometer to a posi- 
tion which gives a requested amount of spread of the source. 
The requested amounts of spread were generally increased 
in 1 ft steps from the reference position to the center of the 
scale and then decreased in 1 ft steps on the intermediate 
half-foot scale points. It should be commented here that 
in the majority of cases the listeners were able to give re- 
sults which displayed very little “hysteresis,” that is, the 
potentiometer settings for decreasing amount of spread fell 
roughly on the curve for increasing spreads. 

After the listener had determined the potentiometer set- 
ting for the requested amount of spread, the operator ad- 
ministering the test noted the setting and announced to the 
listener that a modification would now be made and that 
the position of the amount of spread might increase, de- 
crease, or stay the same. The listener was told to leave the 
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potentiometer set as it was but that he might use the refer- 
ence button. 

The modification consisted generally of introducing the 
proper amount of phase compensation into the L + R chan- 
nel, but for control purposes the modification might consist 
of introducing a fixed, uncompensated filter into the circuit. 
At least one test was always made in which no change at all 
was introduced. 

In order to make the high- and low-frequency components 
easier to recognize, the musical selections used for the 6-db/ 
octave test were different from the 36-db/octave test. For 
the low-pass tests a harpsichord piece from the VOX re- 
cording, “Spotlight on Keyboard,’ was chosen. For the 
high-pass test a part of “Unnecessary Town” was used from 
a jazz performance of “Li’l Abner,” Stereo Records $7019, 
reproduced monophonically. This music consists of a strong 
strummed base viol, with celeste and other moderate-level 
medium- and high-frequency percussion. The peak sound 
level of the reproduced sound in the room was approximately 
80 to 85 db. 

Figure 7 shows the average spread of sound source versus 
nominal filter cutoff frequency for the 6-db/octave tests 
both with and without phase compensation. It will be 
noted that the sound source spread with phase compensation 
always lies significantly below the curve taken without 
compensation. This fact accents the importance of main- 
taining proper phase compensation in any stereophonic 
sound transmission-reproduction system. Without phase 
compensation a 2-ft spread of sound source is encountered 
at nominal cutoff frequencies of 450 cps using a high-pass 
filter and at 8500 cps using a low-pass filter. With phase 
compensation the band of L—R frequencies required to 
provide an average spread of less than 2 ft is 700 to 4500 
cps. 

As is true of most subjective 6-db/octave tests there are 
a number of ways of processing the data. One interesting 
curve which can be plotted from these tests can be called a 
“satisfaction index.” This curve (Fig. 8) shows the per- 
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Fic. 7. Spread of sound source vs nominal filter cutoff frequency 
6-db/octave filter with and without phase compensation. 
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Fic. 8. Satisfaction index percentage of listeners observing no more 
than a 2-ft spread of sound source. 


centage of the total test group observing no more than a 
2-ft spread of sound source at any given setting of the 6- 
db/octave filter. For instance, 80% of the subjects saw no 
greater than a 2-ft spread of sound source when the L—R 
signal frequency range was from 500 to 6000 cps when phase 
compensation was used. 


The data for a 2-ft spread of sound source has been pre- 
sented because it is felt that this amount of spread repre- 
sents a significant deterioration of the auditory perspective 
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and any further spread would produce an unsatisfactory 
stereophonic reproduction. 


SUMMARY 


While it appears that all audio-frequency components 
(certainly those in the range 100 cps to 10 kcps) contribute 
to the localization of the sound by the human observer, the 
components at the extremes of this range are somewhat less 
important to localization than the components in the middle 
range. As the audio components of the difference signal 
are attenuated at either high or low frequencies, the appar- 
ent sound source may appear to an observer to shift in posi- 
tion or may spread over an area of the sound stage depend- 
ing upon its frequency and harmonic composition. Of these 
two effects the spread is apt to be the more annoying sensa- 
tion because it represents a more easily recognized departure 
from the normally encountered situation. When a sharp 
cutoff filter is used in the L—R channel, the sound source 
may appear to split with the fundamental and lower har- 
monics in one position and the higher harmonics in another. 


It appears that, whether the filter cuts off sharply or gradu- 
ally, significant benefit in fidelity of auditory perspective is 
gained by the use of suitable phase compensation. 

The curves which have been obtained from the subjective 
tests show the amount of spread of sound source which re- 
sults from band limiting the difference signal in a stereo- 
phonic transmission system. While this information does 
not provide a unique basis for a choice of difference signal 
bandwidth (which remains a somewhat arbitrary choice 
depending upon the degree of degradation of reproduction 
one is willing to tolerate), it is hoped that this information 
is of some value in showing the rate at which the degradation 
increases as the difference signal bandwidth is diminished. 
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Subjective Evaluation of Factors Affecting Two-Channel Stereophony* 


F. K. Harvey anp M. R. SCHROEDER 


Bell Telephone Laboratories, Inc., Murray Hill, New Jersey 


In transmitting and reproducing two-channel stereophonic signals, the original program material 
Separation upper and lower cutoff frequencies as 
well as full-band channel separation (in db) have been evaluated subjectively in terms of detection 
of spatial difference, preservation of spatial resemblance, and listener preference. In addition, other 
pertinent observations on subjective aspects are reported. 


may be modified deliberately or unintentionally. 


INTRODUCTION 


OME of the subjective aspects involved in transmitting 
and reproducing stereophonic sound have been studied. 
This work was stimulated by participation in the National 
Stereophonic Radio Committee which was established to 
advise the Federal Communications Commission on stereo 
standards for radio transmission. 


Familiarity was first obtained with a number of stereo 
spatial effects and the accompanying changes produced dur- 
ing the processing and handling of a two-channel signal. At 
the same time, equipment and switching were constructed 
for the insertion of modifying parameters in stereo systems. 
The hearing of each observer was checked on a standard au- 
diometer for acceptability, and suitable pre-recorded tapes 
were selected which contained audible program material in 
the particular frequency range under investigation. 


A series of formal tests were then conducted with the aid 
of 10 critical observers (8 men and 2 women). Evaluations 
were made on three of the most important parameters as 
follows: 


1. Separation upper cutoff frequency, where full channel 
separation is maintained up to this frequency with no sepa- 
ration above. 


2. Separation lower cutoff frequency, where full channel 
separation is maintained down to this frequency with no 
separation below. 


3. Channel separation in db, where the interchannel cross- 
talk is maintained at a fixed amount independent of fre- 
quency. 


Other parameters of interest were also investigated using 
less formal test routines. 


* Presented October 11, 1960 at the Twelfth Annual Convention of 
the Audio Engineering Society, New York. 
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BASIC EQUIPMENT AND LISTENING CONDITIONS 


Commercially available equipment of high quality was 
used for reproducing the stereo signals and program mate- 
rial. Specifically, an Ampex 350-2P two-channel tape re- 
corder, a Rek-O-Kut transcription turntable, a Grado stereo 
cartridge, a Scott stereo preamplifier, a pair of 30-w Mc- 
Intosh power amplifiers, and a pair of KLH loudspeakers 
were used. At times, other components of comparable qual- 
ity were also employed and appeared to be equally satisfac- 
tory. Systems were checked out for balance and frequency 
response with standard test tapes and test records obtained 
from Ampex, RCA, and Westrex. The frequency response 
of either the tape or the disk system was reasonably flat 
from 30 cps to 15 kc. However, the channel separation 
using disk was generally of the order of 20 db compared 
with 50 db available from tape. 


Several dozen 7'2-ips two-track pre-recorded stereo tapes 
were acquired from commercial stock as well as a similar 
number of 45-45 stereo disks. Some of the latter were 
selected to have identical program material for simultaneous 
comparison of tape and disk presentations. 

At first, listening was done in an anechoic chamber to 
avoid room effects which might obscure some of the more 
subtle spatial characteristics. Later, listening was done 
briefly in a small auditorium and then finally in a labora- 
tory acoustically treated to have absorption characteristics 
similar to a living room. All of the stereo spatial effects 
observed in the anechoic chamber were still noticeable in 
the other locations but seemed somewhat less pronounced. 


In the “living room,” where most of the tests were made, 
the two loudspeakers were placed near a wall on a baseline 
7 ft apart with the listening position 10 ft equidistant from 
each. The frequency responses of the loudspeakers, meas- 
ured previously in the anechoic chamber, were fairly well 
matched and the outputs reasonably smooth. An acoustic 
phase check indicated the polarity of the individual units 
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Fic. 1. Circuit for crossfeeding channel signals above (or below) 
separation cutoff frequency. 


to be the same. As a further precaution, a visual check was 
generally kept on the program material with an oscilloscope 
monitor which displayed a Lissajous figure obtained by con- 
necting the vertical plates to the left channel and the hori- 
zontal plates to the right channel. In-phase, out-phase, and 
uncorrelated signals, sound image positions, program bal- 
ance, and many other characteristics were easily recognized 
and helped identify the aural presentations when preparing 
a test routine. 


SPLIT-BAND FILTERS FOR BAND-LIMITING 
SEPARATION 


To save bandwidth when transmitting a two-channel 
stereo program, processing systems have been proposed 
which send full stereo information over part of the fre- 
quency band and just monophonic information over the 
rest. In the final presentation at the loudspeakers, full 
separation is maintained out to the separation cutoff fre- 
quency with no separation beyond. 

A convenient system for providing these separation char- 
acteristics at high (or low) frequencies, with adjustable 
power above (or below) the separation cutoff frequency, is 
shown in Fig. 1. A split-band filter was placed in each 
channel to divide and then add the spectrum back together 
again. By this method high (or low) frequencies in one 
channel could be split off to the other channel and auto- 
matically maintain a near-zero phase differential between 
channels in the zero separation region. Around cutoff there 
are some deviations from phase linearity which, however, 
have no subjective effect as will be shown later. 


With the A input activated, the L and R output charac- 
teristics are shown in Fig. 2. These characteristics are 
similar, on a logarithmic frequency scale, for any cutoff 
frequency. The channel levels were set 3 db down in the 
zero separation region to provide equal loudness when com- 
pared with the original stereo. An intended side image in 
the A channel, whose main spectrum falls in the zero sepa- 
ration region, now becomes a central image for the center 
listener. Likewise an intended side image containing energy 
both sides of cutoff may be torn apart, such as a piano with 
the bass coming from the side and the treble from the 
middle. 

If the listener is not seated centrally but off to one side, 
the image movements will be greater or less depending upon 
the side favored by the precedence effect.* They will be 
greater if the listener is seated closer to the right loud- 
speaker because all or part of the intended L image will 
shift to the R side, and less if the listener is closer to the 
left loudspeaker when the intended L image remains on the 
L side. Because of this the center listening position was 
used extensively throughout the tests. 

To check the operation of the system out to and including 
the loudspeakers, a preliminary test was devised. The pro- 
gram material was fed through a special high-pass filter 
with a very sharp cutoff (60 db in ™% octave) set at the 
same frequency as the nominal separation upper cutoff. 
This high-passed signal was fed to one channel only, but 
emerged from both loudspeakers equally. For each of the 
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FREQUENCY IN KILOCYCLES PER SECOND 


Fic. 2. Typical channel characteristics at L and R for input at A. 
Separation upper cutoff frequency = 4 kc. 


1H. Wallach, E. B. Newman, and M. R. Rosenzweig, Am. J. 
Psychol. 62, 315-36 (1949). 
2H. Haas, Acustica 1, 49-58 (1951). 
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IN DEGREES 


SUBJECTIVE EVALUATION OF FACTORS AFFECTING TWO-CHANNEL STEREOPHONY 


cutoff frequencies to be used in the formal evaluation, it 
was made certain that the Lissajous figure for the loud- 
speaker voltages remained essentially a collapsed loop ori- 
ented at +45°. and that the sound image was central for 
a center listener. 

Although it was recognized that a pulse could not be 
transmitted unchanged through a split-band filter, since the 
delay is different in the two pass bands, it was felt there 
would be no audible degradation incurred in the use of such 
a system. When adjusted for a flat response with no cross- 
feeding, the split-band channels could not be distinguished 
from the direct channels by any of the listeners. 


TEST PROCEDURE 


Critical listeners were sought in these tests because of a 
desire to set permanent standards. At the moment, only a 
small percentage of people fully appreciate high fidelity. 
Even less appreciate or understand stereo. However, there 
is a growing sophistication evidenced among users of stereo 
equipment. Anticipating the future, it seemed wise to avoid 
naive or unconcerned personnel in these tests to prevent 
establishing loose standards which eventually might have to 
be abandoned. 

The listeners chosen were sophisticated in the art of sound 
localization either by working in this field or by education 
before testing. They were felt to be the equal of any seri- 
ous listener who is accustomed to playing the same records 
many times and thus becomes familiar with the more subtle 
artistic and technical effects. 

The program material for testing was clipped out of com- 
mercially available pre-recorded tape and spliced together 
to form a series of 2-min test selections. However, a dub- 
bing was made of one disk recording which had a desirable 
low-frequency side image with good separation (selection 
C). The sound levels used reached maxima of 80 to 90 db 
(C scale, slow). 

Generally, one test was taken each day on four 2-min 
selections, using a parameter value which was arrived at by 
previous consultation of a table of random numbers. Dur- 
ing the playing of a selection, the presentations to be com- 
pared were alternated at 5-sec intervals, a 10-sec clock 
indicating which interval was straight or original stereo (S), 
and which was modified (M). Throughout all the tests 
straight stereo was used as the reference condition, and the 
listeners were continuously aware which condition was being 
presented. 

To evaluate the various separation parameters, question- 
naires were used similar in some respects to those devised 
by the N.T.S.C.* in their early investigations into color TV. 
Three questions were asked: (1) Do you hear a spatial 
difference between M and S? (2) If you do hear a differ- 
ence, do you consider M bears a good spatial resemblance 


3 Color Television Standards, Selected Papers and Records of the 
National Television Systems Committee (McGraw-Hill, New York, 
1955), D. G. Fink, editor. 


Taste I. Separation upper cutoff frequency. 


7————_ Selection ———_,, 
G, E, D, F, Avy, 
ke ke ke ke ke 


9 out of 10 observe say 
spatial resemblance good 8.0 6.0 70 8.0 73 


1 out of 10 observers prefer S 6.5 8.0 95 100 8.5 
5 out of 10 observers detect 
(no) spatial difference 70 9.0 8.0 8.5 8.1 


to S? (3) If you do hear a difference, do you prefer M or 
S? In the case of the first question, it was agreed that if 
any slight displacement of a sound image was detected in 
the modified presentation, then a spatial difference was said 
to be heard. Regarding the second question, if a spatial 
difference was fairly evident but the spatial relationships 
among images were still essentially similar to those intended 
by the producer or director in the original presentation (e.g., 
left or right images did not shift too much toward center), 
then the spatial resemblance was to be considered good. On 
the third question the individual was free to express his 
personal preference for either of the two presentations, or 
else could indicate no preference. 


EVALUATION OF THE SEPARATION UPPER 
CUTOFF FREQUENCY 


The results obtained by varying this parameter are shown 
in Fig. 3 in the order of increasingly critical requirements. 
However, in the tests the actual order of presentation (D, 
E, F, G) was so arranged to alternate the position of im- 
portant images and intermix the difficult selections with the 
easy ones. 

Interpretation of the results in simple terms requires 
establishment of some arbitrary but acceptable rules. If a 
modified condition is to be called good, then the parameter 
value quoted should correspond to agreement by a high 
percentage of observers; e.g., 9 out of 10 say the spatial 
resemblance is good. Conversely, the modified condition 
can also be considered good when only a small percentage; 
e.g., 1 out of 10, are dissatisfied with it and prefer S. In 
the case of detection, the parameter value at which 5 out 
of 10 observers hear or detect a spatial difference is quoted,* 
and is called “detection threshold.” Here the modified con- 
dition has not deteriorated appreciably and can be consid- 
ered good. Specific values of the separation upper cutoff 
frequency are listed in Table I in the order of importance. 
From the tabulation it appears that full channel separation 
should be maintained up to approximately 8 kc. 

The side images most prominently displaced toward cen- 
ter were as follows: selection G, solo violins; selection E, 
first violin section; selection D, tambourines and triangles; 
selection F, maracas. 


tIt is also the value at which 5 out of 10 observers detect no 
spatial difference. A negative statement was used in the graphic pre- 
sentation of the data to keep the slopes of the detection and resem- 
blance curves consistent. 
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SEPARATION UPPER CUT-OFF FREQUENCY IN KC PER SECOND (FOR M) 
Fic. 3. Subjective evaluation of separation upper cutoff frequency for 4 musical selections. In 
M vs S comparisons, the modified presentation generally deteriorates as the cutoff frequency is 
reduced. Curves in the left column show resemblance and detection data; in the right column, 


preference data. 


To insure that the listeners could hear the high frequen- 
cies which were present in the program material, a prelimi- 
nary quality detection test was given using selection G to 
supplement the standard audiometer tests. Band-limited 
program material was compared to full band and the quality 
difference noted. In Fig. 4 is a curve showing the number 
of observers who detect no quality difference at various 
band-limited cutoffs. Along with this is a curve replotted 
from Fig. 3 (selection G), obtained from the later formal 
evaluation, showing the number of observers who detect no 
spatial difference at various separation cutoffs. (Negative 
statements were used to keep the slopes consistent with the 
spatial resemblance data.) 

It is apparent that the combination of the observers’ hear- 
ing ability and the high-frequency program content indicates 
there is adequate margin for making tests on the separation 
upper cutoff. For example, at 8 kc everyone can detect a 


quality difference so that evaluation of the spatial difference 
is meaningful. This situation is typical of all selections 
used, although the margins vary somewhat. 


EVALUATION OF THE SEPARATION LOWER 
CUTOFF FREQUENCY 


The circuit providing the channel characteristics for the 
separation upper cutoff frequency tests was also used for 
the lower cutoff studies by interchanging the low- and high- 
pass filters, and readjusting channel levels (see Fig. 1 
again). The characteristics arrived at are shown in Fig. 5 
and are similar, on a logarithmic frequency scale, for any 
cutoff frequency. In the zero separation region the center 
listener now prefers a 5-db reduction in the individual chan- 
nel levels, for equal loudness in comparison with straight 
stereo, instead of 3 db as previously used at high frequen- 
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Fic. 4. Subjective evaluation of two different parameters using 
selection G in M vs S comparisons. As the cutoff frequency is re- 
duced, the modified presentation deteriorates faster for band limiting, 
showing early recognition of high-frequency content and therefore 
adequate margin for separation tests. 


cies. At low frequencies the listener is immersed in a sound 
field where the effective sound pressure from the two loud- 
speakers tends to add according to amplitude rather than 
power. 

Though not shown, the interchannel phase differential in 
the zero separation region is similar to that observed at high 
frequencies, on a logarithmic frequency scale, with respect 
to the nominal cutoff frequency. To insure this phase shift 
was not serious at low frequencies, the operation of the 
system was checked out to and including the loudspeakers 
in the same manner as that previously done for high fre- 
quencies, except that low-passed program material was used. 

The delay difference between split bands in the same 
channel is considerably more at low separation cutoffs and 
was of some concern at first. However, in comparison tests 
with channels adjusted for a flat response and no crossfeed- 
ing, the direct and split-band conditions were again indis- 
tinguishable. 

The results obtained by varying this parameter from 62% 
to 1000 cps are shown in Fig. 6 in the order of increasingly 
critical requirements. However, in the tests the actual 
order of presentation (A, B, C, D) was so arranged for the 
same reasons indicated for the previous parameter. 

Specific values of the separation lower cutoff frequency 
are listed in Table II in the order of importance. From this 
tabulation it appears that full channel separation should be 
maintained down to approximately 100 cps. 

The side images most prominently displaced toward cen- 
ter were as follows: selection D, percussion and string bass; 


Taste II. Separation lower cutoff frequency. 


= Selection ———__, 


D, B, A, c, Av, 
cps cps cps cps cps 
9 out of 10 observers say 
spatial resemblance good 130 100 115 90 109 
1 out of 10 observers prefer S 230 120 110 90 138 
5 out of 10 observers detect 
(no) spatial difference 165 115 105 105 123 
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selection B, pedal organ; selection A, timpani; selection C, 
string bass. 

To insure that the listeners could hear the low frequencies 
which were present in the program material, a preliminary 
quality detection test was given using selection B. The re- 
sults are plotted in Fig. 7 along with the separation cutoff 
data in the manner previously done for the high frequencies. 
As before, there appears to be adequate margin for making 
the separation tests. 


CHANNEL SEPARATION 


A circuit designed for reducing separation between chan- 
nels is shown in Fig. 8. Crosstalk from the input of one 
channel to the output of the other is provided by passive 
networks feeding across the channels. Buffer circuits are 
not necessary since attenuation in the secondary crosstalk 
path is 58 db greater for all values of separation. 

The separation between tape channels using one active 
track for the originating signal is of the order of 50 db, so 
that full separation of the system also corresponds to about 
50 db. If disk is used instead of tape, the separation will 
drop to about 20 db over the middle frequency range, and 
to even less at the ends. Tape recordings are therefore pref- 
erable for wide range tests on separation parameters. 

The results obtained by varying the channel separation 
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Fic. 5. Typical channel characteristics at L and R for input at A. 


Separation lower cutoff frequency = 250 cps. 
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SEPARATION LOWER CUT-OFF FREQUENCY IN CYCLES PER SECOND (FOR M) 
Fic. 6. Subjective evaluation of separation lower cutoff frequency for 4 musical selections. In 
M vs S comparisons, the modified presentation generally deteriorates as the cutoff frequency is 
increased. Curves in the left column show resemblance and detection data; in the right column, 


preference data. 


Taste III. Channel separation. 


-— Selection ———, 


I, J, D, H, Av, 
db db db db db 
9 out of 10 observers say - 
spatial resemblance good 13 15 15 18 15.3 
1 out 10 observers prefer S 13 15 16 17 15.3 
5 out of 10 observers detect 
(no) spatial difference 16 16 19 20 17.8 


from 3 to 24 db are shown in Fig. 9 in the general order of 
increasing requirements. As previously done, the actual 
order of testing (D, H, I, J) was so arranged as to intermix 
the balance conditions. 


Specific values of the channel separation in db are listed 
in Table III in the order of importance. From this tabula- 
tion it appears that a channel separation of approximately 
16 db should be maintained over the whole frequency band. 

The side images most prominently displaced toward cen- 
ter were: selection I, orchestral accompaniment for piano 
concerto; selection J, various solo and ensemble effects: 
selection D, tambourine and triangle; selection H, male and 
female voices on opposite sides. 

For small values of separation the radiated power will be 
a few db greater in the modified condition than on straight 
stereo. Compensation was introduced by raising the level of 
the latter as needed to make the loudness difference un- 
detectable. 
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SUBJECTIVE EVALUATION OF FACTORS AFFECTING TWO-CHANNEL STEREOPHONY 
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oO = 
43.8 62.55 875 125 175 250 350 500 700 1000 
LOWER CUT-OFF FREQUENCY IN CYCLES PER SECOND 
Fic. 7. Subjective evaluation of two different parameters using 
selection B in M vs S comparisons. As the cutoff frequency is in- 
creased, the modified presentation deteriorates faster for band limit- 
ing, showing early recognition of the low-frequency content and 
therefore adequate margin for the separation tests. 


COMPOSITE RESULTS 


The results for the various parameters are presented in 
composite form for convenience in interpretation (see Figs. 
10, 11, and 12). For each parameter, the number of ob- 
servations applying to a particular parameter value were 
totaled for the four pertinent selections. The percentage of 
these observations for the choice in mind in terms of the 
possible maximum (100% = 40 observations) was plotted 
in the same manner as done previously for the individual 
selections. 

Specific values for each of the parameters are listed in 
Table IV in the order of importance. 

Briefly, in transmitting and reproducing a two-channel 
stereo program of commercial quality, composite results 
show that the spatial resemblance is good: (1) when full 
channel separation is maintained out to approximately 8 kc, 
with no separation above this frequency; when full channel 
separation is maintained down to 100 cps, with no separa- 
tion below this frequency; or when a channel separation of 
16 db is maintained over the whole frequency band. 

Quite similar values can also be quoted for preference or 
detection aspects. In the latter connection, a previous 
study has been made by Beaubien and Moore‘ on percep- 


Taste IV. Specific values for parameters. 


Separation Separation 


upper lower 
cutoff cutoff Channel 
frequency, frequency, separation, 
ke cps db 
90% of observations show 
spatial resemblance good 7.5 100 16 
10% of observations prefer S 9.0 90 15 
50% of observations show 
spatial difference (not) detected 75 120 18 


4W. H. Beaubien and H. B. Moore, J. Audio Eng. Soc. 8, 76 
(1960). 
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tion of the stereophonic effect for various separation cutoffs. 
Our results are in general agreement with their findings, 
even though our separation cutoff characteristics are sharper. 

If the three parameters are to be considered in combina- 
tion, it must be remembered that, although the two separa- 
tion cutoffs are fairly independent of each other, the channel 
separation can affect both. Because of this it is recom- 
mended that the channel separation be increased to 20 db 
for use in combination. When considered singly at this 
value, about 100% of the observations show the spatial re- 
semblance is good. In combination its effect would be neg- 
ligible. 


OTHER OBSERVATIONS 


Many interesting spatial effects have been examined in 
various detail in addition to the parameters investigated 
with the formal test routines just discussed. The essential 
characteristics are reported here to supplement the main 
findings and are principally applicable to the center listen- 
ing position. Some are elaborations, more or less, on pre- 
vious work. 

1. Strong center images (correlated program material) 
are used quite frequently in musical selections and are sensi- 
tive to balance. An amplitude differential between channels 
in excess of 3 db requires readjustment of levels for good 
centering of these sound images.* 
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Fic. 8. Circuit for crossfeeding channel signals independent of 
frequency. 


5 J. C. Steinberg and W. B. Snow, Elect. Eng. 53, 15-18 (Jan. 
1934). 
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data. 


2. If good center images are to be retained, the time dif- 
ferential between the two direct paths from the loudspeaker 
to the listener is also critical. A 2-in. displacement of one 
loudspeaker forward or back calls for a readjustment of 
loudspeaker or listener positions.* This is about equivalent 
to a 0.2-msec differential between channels. A center lis- 
tener generally needs to confine his sidewise movement to 
about +4 in. to preserve center images for the loudspeaker- 
listener geometry used here. 


®R. L. Hanson, “Psychoacoustics of Stereophonic Reproduction,” 
paper presented at IRE Convention, New York, March 1960. 
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CHANNEL SEPARATION 

Fic. 9. Subjective evaluation of channel separation for 4 musical selections. In M vs S com- 
parisons, the modified presentation generally deteriorates as the channel separation is reduced. 
Curves in the left column show resemblance and detection data; in the right column, preference 


24 27 
IN DECIBELS (FOR M) 


3. Several types of two-channel white noise were com- 
pared by adjusting power levels for equal loudness. The 
noises employed were correlated in-phase, correlated out- 
phase, and uncorrelated. A spread of about ! db was ob- 
served in the average powers for equal loudness. Thus, the 
loudness of these noises is about equal for the same power. 

This experiment was conducted to investigate possible 
cancellation of out-phase noise associated with stereo trans- 
mission systems using matrixed signals. It has been claimed 
that the out-phase noise originating in a subcarrier differ- 
ence channel during transmission would largely cancel, 
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SUBJECTIVE EVALUATION OF FACTORS AFFECTING TWO-CHANNEL STEREOPHONY 
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Fic. 10. Subjective evaluation of separation upper cutoff frequency—composite results for 4 musical selections. In M vs S comparisons, 
the modified presentation generally deteriorates as the cutoff frequency is reduced. 
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SEPARATION LOWER CUT-OFF FREQUENCY IN CYCLES PER SECOND (FOR M) 


Fic. 11. Subjective evaluation of separation lower cutoff frequency—composite results for 4 musical selections. In M vs S comparisons, 
the modified presentation generally deteriorates as the cutoff frequency is increased. 
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CHANNEL SEPARATION IN DECIBELS(FOR M) 


Fic. 12. Subjective evaluation of channel separation—composite results for 4 musical selections. In M vs S comparisons, the modified 
presentation generally deteriorates as the separation is reduced. 
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acoustically, in the listening room. This investigation indi- 
cates that the effect of cancellation is negligible. 

4. Out-phase correlated noise or program material ob- 
served in octave bands appears centrally forward, from 2 
ke to 16 kc; in or around the listener’s head,** from 500 
cps to 2 kc; and out to the sides and slightly back, from 
125 to 500 cps. In-phase, the sound image is centrally 
forward. 

5. Out-phase correlated program material is considered 
unacceptable by most listeners because of the above effects. 
Partially out-phase correlated program, produced by delib- 
erate matrixing of the channels in some transmission sys- 
tems, is not completely acceptable to many listeners. (This 
is controversial since a beneficial widening of the image may 
be claimed for such systems.) Out-phase uncorrelated pro- 
gram is indistinguishable from in-phase. 

6. In comparing pre-recorded tape with disk recordings of 
apparently identical selections by the same artists, differ- 
ences are frequently found in balance, separation, and high- 
frequency roll-off. Even different issues of the same tape 
selection are occasionally dissimilar in balance. Channel 
separation with disk is generally limited by the stereo car- 
tridge to around 20 db compared to 50 db potentially avail- 
able with tape. This is apparently adequate, but in addition 
to this, many disks seem to have a further deliberate reduc- 
tion in separation for providing center fill or preventing 
image wandering. 

7. Monophonic presentations derived from addition of 
two stereo channels are not always compatible. Out-phase 
effects in the program material itself, or due to tape head 
misalignments in the multiple generations of recording and 
reproducing, or even resulting from the movement of the 
performer in front of paired microphones, all contribute to 
degradation in the summed program. 


CONCLUSIONS 

Two relatively important conclusions reached in this 
study should be emphasized. 

1. In setting commercial standards for two-channel stereo- 
phonic transmission, it is recommended that a channel sepa- 
ration of at least 20 db should be maintained from 100 cps 
to 8 kc to preserve the spatial resemblance of the original 
program material. 

2. In-phase, out-phase, and uncorrelated noises have been 
found to be about equally loud for equal powers. Thus, the 
signal-to-noise requirements for stereo transmission systems 
(including those with a subcarrier difference channel) are 
the same as for a monophonic transmission system. 
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Listening Test Methods and Evaluation” 


K. SCHJONNEBERG AND F. OLSON 


General Electric Company, Utica, New York 


Comparative listening tests to make subjective evaluations of the acoustical performance of 
radios, phonographs, and high-fidelity equipment are very important to successful design and 
development efforts. This paper describes appraisal techniques and statistical treatment of listening 


tests results. 


INTRODUCTION 


EST panels of judges often are used to rank consumer 

products where personal opinion is a factor. Whether 
the factor be styling, color, ease of operation, or acoustics 
it is necessary to evaluate the significance of the judgments. 
To do this three aspects of the ranking should be examined: 
(1) Agreement among judges. (2) The existence of rank- 
ing. (3) The difference between any two rankings. 

In general, the third test is most useful, but both agree- 
ment among judges and ranking must be significant if the 
differences found are to be meaningful. 

Products may be ranked in order of preference, or the 
choice between all possible pairs may be listed with the 
rank determined by summing the preferences for each unit. 
To simplify the comparison of the two methods of ranking, 
the discussion will be limited to ranking as applied to lis- 
tening tests in the field of acoustics. 

In the first method of ranking, in order of preference, it 
is necessary to retain in the memory an “image” of the 
sound of all the systems while one system is compared to 
this composite image. Since judges are human, there is a 
tendency to choose the two best and decide between them. 
The remaining sets, while judged, are not given careful 
consideration with the result that ranking of the “lesser 
sets” is somewhat random. Since individuals may not al- 
ways agree on which two sets are best, the final ranking 
by all judges has a random content due to two factors: 
(1) the complications of memory, and (2) the lack of care 
in some comparisons. 

This may result in ranking which is not significant, at 
least in part. 

In the second method of ranking between pairs, an easier 
comparison between two sets is made and recorded. The 
problem that arises is exactly opposite to that of the first 
method, to avoid remembering the result of other compari- 


* Presented October 11, 1960 at the Twelfth Annual Convention of 
the Audio Engineering Society, New York. 
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sons. A choice must be made, even when no preference 
exists, and this choice may be whimsical. This will be ran- 
dom among judges if the choice is close. If several choices 
are close, for example among three sets, there is a tempta- 
tion to make the choices consistent. This yields what is 
known as a “resultant triad.” For comparisons this close, 
each whim should be independent and thus the choices may 
be inconsistent. The result is known as a “circular triad,” 
and this will yield ties in the ranking by the judge. Since 
all judges will not agree on which sets have circular triads, 
the ranking will have a random element. In general, this 
will involve careful consideration (rather than lack of effort) 
and thus may be assigned to the sets involved. Thus, it is 
important that the choices be independent. Additional in- 
formation is available with an expressed comparison for 
each pair. In the first method, this information may be 
inferred only. The actual choice in a close decision will be 
expanded in comparisons with the other sets. 


In checking the statistical method a test was made and 
repeated using ranking by order of preference and by pair 
preference, and these tests were analyzed assuming no cir- 
cular triads for the order of preference test, in which both 
agreement and ranking were not significant. In the pairs 
test, both agreement and ranking were probably significant. 
This was not surprising in view of the discussion of random 
effects above. What was surprising was the fact that the 
supposedly easier pairs test took twice as long for most 
judges, an indication of more careful attention. 


A problem of bias exists in all ranking tests. The subject 
material used in the test, position of the set, and the order 
in which the sets are tested are only three examples. Of 
these, the order of test is involved in the evaluation. A 
ballot is supplied with rows and columns identified by ran- 
dom letters corresponding to the sets in test. Testing each 
set against all others in succession will introduce a famili- 
arity bias. If tested in diagonal sequence, each set will be 
heard approximately twice in succession to minimize the 
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bias. Every effort must be made to remove any form of 
bias from the test. Visual prejudice may be removed by a 
curtain if required. 

In addition to the matter of test setup and bias, the result 
of the test is the opinion of the judges based on the material 
and setup used in the test. It is to be noted that this sta- 
tistical approach does not test the Jack of a difference. In 
other words if the tests are not significant it does not mean 
that there is no difference only that the test did not show 
a significant difference. Further tests may be necessary. 

In statistical tests, the limits generally used are: 

Random probability greater than 5%—not significant. 

Random probability 1 to 5%—probably significant. 

Random probability 0.1% to 1%—-significant. 

Random probability less than 0.1%—highly significant. 

For some tests, modification of these limits may be made; 
for example, 10% may be good enough under some condi- 
tions while in others the risk may require 0.1% assurance. 


200-» B00 
4 i 
. P j 
} g-V2z -Vv2u-1 ] 
150 +7: 7 
wie Z -agreement factor 
1 (5435 4 
] [ Z-x-2 
| ; a. 41. 
| + ened 
+600 @=(m-3)v 
too | J+ 2j+2rc2-3(5)-2 P 
1o +30 V+ degreas of freedom 1 
J ~ mlm-on (n-1) 4 
2(m-2)° 
% 
- 500 S . T= Numbee of judges Voting 3 
‘a CT for a preference. 
z Vv we 
Sor g 7 
3 5+25 
40 re] 4 
Vv 4 
+ 400 ad q 7 
Bo 4 ~~ 1S 
v . 
r 
207 Ss : 
o+20 
L 204 
ry q 
< 4 
10 +300 > 
“ 25. 
3 
53 ben 4 
250 HS 3o4 
4 32+ 
2 
o+200 


Nomocram I. 


5 6 7 @9 te s 20 25 
ae > 
\7o rm Number of judges 
\ooe 4 
\eo Use higher valued Scales in pairs 2 
'S0 +30 Seo +5 
1 400 
t4o aa 4 
Sha 
\30 
2s a 6 
(20 3 
\\o OR 1S0 s 
R 
loo} 20 Sp si 
- Plo 
90 a : 
80 ce «CNN 
7s bo 
Jo 4 
oo 
60 
” 3 
50+ to 
30 N=m(n-!) m 
4o 4 a . R.+R, a R 
20 P° “SN” ON 
Bo 4 e-8 
te oR-R, OR 
20 J a ap* N f 
R-Zr «Sum of votec for one set A 
\o-4 r= Bumber of sudges voting fer 
n Number of sets > preterense. 
7... 8 ST is 


Nomocram II. 


A collation sheet is used to sum the results of all ballots. 
This sheet provides space for all necessary calculations for 
all three tests. The three statistical tests are discussed in 
detail below. 


AGREEMENT AMONG JUDGES! 


The collation sheet gives the judgments between all pairs 
on a row and column basis. The sum of judgments for each 
box (row and column intersection) is r. The individual 
ranks r may be “operated on” statistically to give an esti- 
mate of the number of paired agreements j among judges: 


jrerC2 =r(r-1)/2. (1) 

These agreements are listed for each box and summed by 

rows. The summation of all agreements is made and used 
in estimating the agreement significance: 

J=%Z. (2) 

Where m is the number of judges and n is the number of 

sets: 
a = 4J)/(m-2) : (3) 
v = {[m(m-—1)n(n—-1)]/2(m-2)?} (4) 
(degrees of freedom) 


1M. J. Maroney, Facts from Figures (Penguin Books, New York, 
1958). 
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Nomocram III. 


B= (m—-3)v (5) 
Z=a-B= (4J/m-—2)/ (6) 
{[m(m —1)(m—3)n(n—1)]/2(m-—2)*}. 
Here, Z is an agreement factor which is distributed statisti- 
cally as x” with degrees of freedom v. 


o = (2Z)” — (2v—1)” (coefficient of agreement). (7) 


The quantity (2Z)” is distributed (with unit standard 
error) around (2v—1)”. Thus, o is a measure of agree- 
ment among judges. A large value for o is found when 
the probability (that such good agreement is random) is 
small. A value of « between 2 and 3 is probably significant. 


P.4 = probability that the agreement is (8) 
random = f(c). 


RANKING BY JUDGES' 


Assuming the judges agree, it is now necessary to discover 
whether the result of their agreement is capable of being 
ranked. Each row sum of all row boxes is the rank total 
for a particular set: 


R= &. (9) 


The sum of all rankings is a function of the number of sets 
n and judges m: 


=R = nm(n-1)/2. (10) 

The maximum number of votes possible for any one set is 
likewise a function of the number of judges and sets. 

N = m(n-1) (11) 

=R—n(N/2). (12) 


The average vote for any one set is equal to half the maxi- 
mum possible: 


E= (N/2) (13) 
= 3(R-E)*. (14) 


The maximum value possible for S is a function of the num- 
ber of judges m and sets n: 


Smax = m*(n* —n) 12. (15) 


These two values may be compared to get a coefficient of 
concordance: 


@ = (S—1)/(Smax + 2). (16) 


The corrections compensate for small sample analysis which 
is most necessary where m and n are small. 
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P|TIW|UJA/Q|CIG 


a|ajlol>|C}=i4l VU 


Fic. 1. Ballots used by judges. 


The coefficient of concordance may be related statistically 
to Snedecor’s F, since this is a test of variance. 
F = [(m-1)o]/(1-o) (17) 
= (m—-1)/(1/o-1). (18) 
The probability of ranking (as good as found) being 
random is a function of F, 5% and 1% limits are found in 
tables of Snedecor’s F.* 


AND F. OLSON 


DIFFERENCE BETWEEN PAIRS®* 


With both agreement of judges and ranking established, 
it is possible to consider the differences among sets found 
by the judges. The percentage of possible votes received is: 

p = R/N X 100. (20) 


Between any pair of sets the average percentage and dif- 
ference percentage is respectively: 


Pav = (Pi + f2)/2 (21) 

Ap = pi — po. (22) 

These two factors may be tested statistically against stu- 
dent’s ¢ for N —2 degrees of freedom: 


t = Ap[N/2pa,(1 —- pay) |”. (23) 


The probability of differences (as great as those found) 
happening at random is a function of ¢: 


P» = probability that differences (24) 
are random — f(t). 


Significance levels are determined from tables” or curves* 
of Student’s ¢. This test may be applied with both the 
over-all rank between sets or within the collation table be- 
tween pairs with only the votes between the particular sets 
considered. Both estimates of the comparison are available 
to aid in estimating the relative differences. 


Considerable calculations are involved in the analysis 
suggested. To ease the strain some tables, graphs, and 
nomograms have been prepared. The nomograms were 
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pi = (n-1)-—2/m_ degree of freedom (18a) made using techniques of Keceioglu and Weissman® and 
for the greater estimate. Lien.® 
ot = _ 14) 9/ ga 
pe = (ms 1) [(m 1) 2/m!] (18b) 3A. J. Duncan, Quality Control in Industrial Statistics (Irwin, 
degree of freedom for the lesser estimate. Homewood, IIl., 1959), revised edition. 
P,= f(F,y1,p2) (19) 4 ITT, Reference Data for Radio Engineers (Federal Radio and 


(probability that ranking is random.) 


2H. Arkin and R. R. Colton, Tables of Statisticians (Barnes and 
Noble, Inc.. New York, 1950). 


Telephone Corp., 1960), fourth edition, p. 955. 

5D. Kececioglu and H. M. Weissman, Machine Design, 111-115 
(Aug. 6, 1959). 

6M. Lien, “Nomografi,” Karleboserien, No. 3, second edition, 
Maskinaktiebolaget Karleb., Stockholm, Sweden, 1946, pp. 48-81. 
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AGREEMENT 


Tables for rC2 versus r 
Tables for v and 8 versus m and n 
Nomogram for Z > v> o 
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Ranking 


Table of Syax and nN?/4 versus m and n 


Table of Snedecor’s F vs m and n for 5 and 1% levels of 


significance 
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Agreement Significance 
= {Lm(m - 1)n(n—1)]/2(m—2)*} = 


(2v-1)”= 
8 = (m-3)v= 
a= 4J/m-2= 
Z=(a-s)= 


o = (2Z)“%-(2v-1)4= 


Probability Agreement 


o 
1 
2 4.6% 
3 
4 


+R? 


J 


Rank Significance Probability of Random Difference 
b+ gt — N = m(n-1) = Pav = (Ri + Rz)/2N = (fi + fo) /2 = 
n(N*/4) = Smax = [m*(n* -—n)/12] = Ap = (Ri - R:)/N = pi- fo = 
S = =R* -n(N*/4) = t = ApIN/2pav(1—- par) 14% = 
S- i= Po. 2= 
(1/w) = (Smax + 2) (3-)) = — 
F = (m-1)/((1/w) -1]) = SET P|AP| t Pp 


Degrees of Freedom: 


Greater estimate 


wai = (n-1) - (2/m) = 
Lesser estimate 


pe = (m-1) X [(m-1) - (2/m)] = 


5% F = 


1% F = 


Fic. 3. Collation sheet. 
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Difference 


Nomogram m— N—n; Ra, or AR N— pa, or Ap 
Nomogram px, > 0 VN; Apo Qt 

Nomogram t — N > Pp 

In working with ranking, the summation of (R-—E)? is 


K. SCHJONNEBERG AND F. OLSON 


more complicated than necessary, since from Eqs. (12) and 


(13): 


sR = nE 
Po a’; 


and from Eqs. (11) and (15): 


Taste I. rC2 =r(r-1). n(N*/4 = (n/4)m?(n—1)? (25) 
a. 2 inn j 
ma 8 2 ~ee , S- -e e  eee Swmax = (mi*/12)(m—1)(m + 1)n. (26) 
J Comparing Eqs. (25) and (26) 
0 0 1 3 eS a re a r2 = - Vv 
10 46945 «S506 «(660—CO78—sC«Ssiéi«‘iKS «Céd120”«s«3:36=«s«83 171 n(N*/4) = 3[(m—1)/(m+1)] X Smax. (27) 
20 190 210 231 253 276 300 From Eq. (14): 
Taste II. Table of v and 8g. 
v = {[m(m—-1)n(n—-1)]/2(m—-2)*} ; B= (m-3)v. 
n 2 3 4 5 6 7 8 
m v B v B v B v B v B v B v B 
6 1.875 5.625 5.628 16.880 11.256 33.770 18.76 56.28 28.14 84.42 39.396 118.19 52.528 157.58 
7 1.680 6.720 5.040 20.160 10.080 40.320 16.80 67.20 25.20 100.80 35.280 141.12 47.040 188.16 
8 1.555 7.775 4.668 23.340 9.336 46.680 15.56 77.80 23.34 116.70 32.676 163.38 43.568 217.84 
9 1469 8.814 4.410 26.460 8.820 52.920 14.70 88.20 22.05 132.30 30.870 185.22 41.160 246.96 
10 1.406 9.842 4.224 29.568 8.448 59.136 14.08 98.56 21.12 147.84 29.568 206.98 39.424 275.97 
11 1.358 10.864 4.074 32.59 8.148 65.18 13.58 108.64 20.37 162.96 28.518 228.14 38.024 304.19 
12 1.320 11.880 3.960 35.64 7.920 71.28 13.20 118.80 19.80 178.20 27.720 249.48 36.960 332.64 
13 1.289 12.890 3.864 38.64 7.728 77.28 12.88 128.80 19.32 193.20 27.048 270.48 36.064 360.64 
14 1.264 13.904 3.792 41.71 7.584 83.42 12.64 139.04 18.96 208.56 26.544 291.98 35.392 389.31 
15 1.243 14.916 3.732 44.78 7.464 89.47 12.44 149.28 18.66 223.92 26.124 313.49 34.832 417.98 
16 1.224 15.912 3.672 47.74 7.344 95.47 12.24 159.12 18.36 238.68 25.704 334.15 34.272 445.51 
17 1.209 16.926 3.624 50.74 7.248 101.47 12.08 169.12 18.12 253.68 25.368 355.15 33.824 473.54 
18 1.195 17.925 3.582 53.73 7.164 107.46 11.94 179.10 17.91 268.65 25.074 376.11 33.432 501.48 
19 1.183 18.928 3.546 56.74 7.092 113.47 11.82 189.12 17.73 283.68 24.822 397.15 33.096 529.54 
20 1.173 19.941 3.516 59.77 7.032 119.54 11.72 199.24 17.58 298.86 24.612 418.40 32.816 557.87 
21 1.163 20.934 3.486 62.75 6.972 125.50 11.62 209.16 17.43 313.74 24.402 439.24 32.536 585.65 
22 1.155 21.945 3.468 65.89 6.936 131.78 11.56 219.64 17.34 329.46 24.276 461.24 32.368 614.99 
23 1.147 22.940 3.438 68.76 6.876 137.52 11.46 229.20 17.19 343.80 24.066 481.32 32.088 641.76 
24 1.140 23.940 3.420 71.82 6.840 143.64 11.40 239.40 17.10 359.10 23.940 502.74 31.920 670.32 
25 1.134 24.948 3.402 74.84 6.804 149.69 11.34 249.48 17.01 374.22 23.814 523.91 31.752 698.54 
Taste III. Table of Smax and n(N*/4). 
n 2 3 4 5 6 7 8 

m Smax n(N?/4) Smax 2(N?/4) — Smax n(N?/4) Smax n(N*/4) Smax  (N?/4) Smax n(N*/4) Smax n(N?/4) 
6 18.0 18.0 72 108 180 324 360 720 630.0 1,350.0 1,008 2,268 1,512 3,528 
7 24.5 24.5 98 147 245 441 490 980 857.5 1,837.5 1,372 3,087 2,058 4,802 
8 32.0 32.0 128 192 320 576 640 1,280 1,120.0 2,400.0 1,792 4,032 2,688 6,272 
9 40.5 40.5 162 243 405 729 810 1,620 1,417.5 3,037.5 2,268 5,103 3,402 7,938 
10 50.0 50.0 200 300 500 900 1,000 2,000 1,750.0 3,750.0 2,800 6,300 4,200 9,800 
11 60.5 60.5 242-363 605 1,089 1,210 2,420 2,117.5 4,537.5 3,388 7,623 5,082 11,858 
12 72.0 72.0 288 432 720 1,296 1,440 2,880 2,520.0 5,400.0 4,032 9,072 6,048 14,112 
13 84.5 84.5 338 507 845 1,521 1,690 3,380 2,957.5 6,337.5 4,732 10,647 7,098 16,562 
14 98.0 98.0 392-588 980 1,764 1,960 3,920 3,430.0 7,350.0 5,488 12,348 8,232 19,208 
15 112.5 112.5 450 675 1,125 2,025 2,250 4,500 3,937.5 8,437.5 6,300 14,175 9,450 22,050 
16 128.0 128.0 312 768 1,280 2,304 2,560 5,120 4,480.0 9,600.0 7,168 16,128 10,752 25,088 
17 144.5 144.5 378 867 1,445 2,601 2,890 5,780 5,057.5 10,837.5 8,092 18,207 12,138 28,322 
18 162.0 162.0 648 922 1,620 2,916 3,240 6,480 5,670.0 12,150.0 9,072 20,412 13,608 31,752 
19 180.5 180.5 722 1,083 1,805 3,249 3,610 7,220 6,317.5 13,537.5 10,108 22,743 15,162 35,378 
20 200.0 200.0 800 1,200 2,000 3,600 4,000 8,000 7,000.0 15,000.0 11,200 25,200 16,800 39,200 
21 220.5 220.5 881 1,323 2,205 3,969 4,410 8,820 7,717.5 16,537.5 12,348 27,783 18,522 43,218 
22 242.0 242.0 968 1,452 2,420 4,356 4,840 9,680 8,470.0 18,150.0 13,552 30,492 20,328 47,432 
23 264.5 264.5 1,058 1,587 2,645 4,761 5,290 10,580 9,257.5 19,837.5 14,812 33,327 22,218 51,482 
24 288.0 288.0 1,152 1,728 2,880 5,184 5,760 11,520 10,080.0 21,600.0 16,128 36,288 24,192 56,448 
25 312.5 312.5 1,250 1,875 3,125 5,625 6,250 12,500 10,937.5  23,437.5 17,500 39,375 26,250 61,250 


From 


25) 
26) 


27) 


$=3(R-E)* = =(R?-2RE + E*) 
— 3R*-23RE + 3E° 
— SR? - 2nE* + nE* 


(28) 


— SR? — (nN2/4) = SR? -3[(m-1)/(m + 1))Smax- 
From Eq. (16): 


Taste IV. Snedecor’s F for listening 
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1/ = (Smax + 2)/(S-1). (29) 
Thus, to evaluate ranking it is only necessary to sum indi- 
vidual values for R? which are obtained from tables, use 
values of Smax and (nN2/4) from tables, calculate 1 /o and 
use this to obtain F frequency in Eqs. (17) or (18). Here, 
F is compared to significance limits from tables. 


tests: m — judges; n = sets compared.” 


3 4 5 6 7 8 
6.76 441 3.54 3.07 2.78 2.58 
190° 17.19 8.56 6.11 4.95 4.27 3.82 
5.32 3.82 3.18 2.82 2.59 241 
70 11.48 6.81 5.18 4.35 3.83 3.48 
4.68 3.52 3.00 2.69 2.48 2.33 
34 9.30 6.00 4.72 4.04 3.60 3.28 
7 4.32 3.34 2.88 2.60 241 2.27 
23 8.18 5.53 4.44 3.84 3.44 3.16 
4.08 3.23 2.80 2.53 2.37 2.24 
18 747 5.22 4.26 3.71 3.35 3.08 
3.92 3.13 2.74 2.49 2.33 2.20 
16 7.00 5.01 4.12 3.61 3.27 3.03 
3.79 3.07 2.69 2.46 2.30 2.18 
14.8 6.67 4.85 4.03 3.53 3.21 2.97 
3.70 3.02 2.66 2.44 2.28 2.16 
13.5 6.40 4.72 3.95 3.48 3.17 2.95 
3.63 2.97 2.63 241 2.26 2.15 
12.8 6.22 4.63 3.88 3.43 3.14 2.92 
3.57 2.94 2.60 2.40 2.25 2.13 
12.4 6.05 4.55 3.83 3.40 3.10 2.90 
3.52 2.91 2.59 2.39 2.23 2.12 
12.0 5.91 4.48 3.79 3.36 3.08 2.87 
3.48 2.89 2.58 2.37 2.22 2.12 
11.7 5.81 4.42 3.76 3.34 3.06 2.85 
3.44 2.87 2.56 2.36 2.22 211 
11.4 5.70 4.37 3.72 3.32 3.05 2.84 
3.42 2.86 2.55 2.35 2.21 2.10 
11.1 5.66 4.34 3.70 3.30 3.04 2.83 
3.39 2.84 2.53 2.34 2.20 2.10 
11.0 5.58 4.30 3.67 3.27 3.01 2.82 
3.36 2.83 2.52 2.33 2.20 2.09 
10.8 5.51 4.27 3.65 3.26 3.00 2.81 
3.35 2.82 2.51 2.33 2.19 2.09 
10.7 5.46 4.25 3.63 3.25 2.99 2.80 
3.33 2.80 2.51 2.32 2.19 2.08 
10.6 5.40 4.22 3.61 3.23 2.98 2.78 
3.31 2.79 2.50 2.31 2.18 2.08 
10.5 5.37 4.20 3.59 3.23 2.97 2.78 
3.30 2.79 2.50 2.31 2.18 2.08 
10.4 5.34 4.19 3.58 3.22 2.96 2.77 
3.28 2.78 2.49 2.31 2.18 2.07 
10.3 5.29 4.16 3.57 3.20 2.96 2.76 
25 3.27 2.77 2.49 2.31 2.17 2.07 
10.2 5.27 4.15 3.56 3.20 2.95 2.76 


“Tables interpolated for degrees of freedom for values of m and n. 
»0.05 significance upper left. 
© 0.01 significance lower right. 
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THE USE OF COLLATION SHEET, TABLES, 
AND NOMOGRAMS 


The favorable votes for each set given by the judges are 
transferred from the ballots (see Fig. 1) to the collation 
sheet. The upper part of the individual squares is used. 
The lower part of the squares is used for j. Use table of 
rC2 to find j (Table I). Then all r and j are added across 
and the sums are entered in the columns marked R and 3j, 
respectively. Add R? and 3j (see Fig. 2). Figure 3 is the 
collation sheet. 


AGREEMENT SIGNIFICANCE 


From Table II, v and 8 are found; compute a. Subtract 
B from a to find Z. Use Z and v in Nomogram I to find ce. 


RANK SIGNIFICANCE 


From Table III we find n(N*/4) and Sax. Compute 
S—1 and Smax + 2, and calculate » or 1/m and F, using 
Eqs. (17) and (18). From Table IV can be found the 
values of F which give 5% and 1% significance. Compare 
these values with the one found from the test. If the cal- 
culated value of F is less than the 5% tabulated value, the 
significance of the ranking is questionable. If F is larger 
than the 1% tabulated value, the significance of the ranking 
is high. Between these values the ranking may be consid- 
ered probably significant. 


PROBABILITY OF RANDOM DIFFERENCE 
Use Nomogram II to find Ap and pa,. Then use Nomo- 


77. =— wp aes * Sp 


gram III to find ¢. This computed ¢ is entered into Nomo- 
gram IV to find probability level. 
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The Magnetic Tape Recording Process in Terms 


of the Preisach Representation* 


G. SCHWANTKE 
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Instead of considering the magnetization curves which are traced during recording, this article 
employs the statistics of Barkhausen jumps. The representation of the recording process by the 
Preisach diagram leads to a unified and easily handled theory for all cases and permits an explana- 
tion of all interesting effects not previously understood. The method holds the possibility of a 
quantitative explanation of all properties through a more exact knowledge of the statistics of the 


specific material. 


1. INTRODUCTION 


IHE STUDY of the recording process carried out thus 

far has analyzed the magnetization curves for a tape ele- 
ment which passes the recording head and has attempted 
thereby to determine the remanent magnetization on the 
tape. The starting point was a model proposed by West- 
mijze' which, indeed, on the one hand, corresponds well to 
the conditions realized in practice, but requires, on the other 
hand, an extreme idealization of the hysteresis properties of 
the tape. It was possible to generalize the proposal of West- 
mijze so that the hysteresis loops had only to fulfill the so- 
called “condition of congruence,” but even this requirement 
appears to go too far when compared with experiment.” The 
actual magnetization curves traced during recording are so 
complicated that they cannot be analyzed exactly. 

From this it may be concluded that the description of 
these processes by magnetization curves does not represent 
the recording process sufficiently well. It appears more 
promising, therefore, to abandon the consideration of these 
magnetization curves and instead to go back to their cause, 
that is, to the statistics of the Barkhausen jumps. This 


* Editor's note: This paper describing the magnetic recording 
process in terms of the Preisach representation first appeared in 
German in Frequenz 12, 383-394 (1958). It is reprinted here in 
English with the permission of the author and the publishers of 
Frequenz. The English translation was provided by J. G. Wood- 
ward of the RCA Laboratories, Princeton, New Jersey. 

It is interesting to note that the Preisach representation was applied 
to magnetic recording processes independently and almost simultane- 
ously by workers in three different laboratories. For the results of 
the work in American laboratories the reader is referred to J. G. 
Woodward and E. Della Torre, J. Audio Eng. Soc. 7, 189-195, 222 
(1959); J. G. Woodward and E. Della Torre, J. Appl. Phys. 31, 
56-62 (1960); and E. D. Daniel and I. Levine, J. Acoust. Soc. Am. 
32, 1-15 (1960). , 

1W. K. Westmijze, Philips tech. Rundschau 14, 289-302 (1953). 

2G. Schwantke, Frequenz 12, 355-360 (1958). 
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general point of departure makes it possible, in fact, to give 
a very lucid description and, hence, a general theory of the 
recording process. 


2. THE PREISACH MODEL 
2.1. General 


The details of ferromagnetic processes are very compli- 
cated. For many purposes of communication a simple 
model, proposed by Preisach,* of a ferromagnetic substance 
has been found useful. (More complete descriptions and 
applications are given by Feldtkeller and Wilde* and by 
Wilde.**) Each Weiss region is represented in the model 
by a region with a rectangular magnetization loop of indi- 
vidual coercive force H, (see Fig. 1). In general, this loop 
is not symmetrical with respect to the origin, but rather 
with respect to an individual initial bias H,, which is due 
to defects of the crystal lattice, internal interaction effects, 
etc. The exact rectangular shape of the loop does not take 
sufficient account of the reversible changes in magnetiza- 
tion. However, for our purposes this is not important 
since, for remanent values, only the irreversible contribution 
is of interest. 


This model fits the physical behavior well. A Barkhausen 
jump of an elementary region occurs when the external field 
strength goes above or below a threshold value for the 
region provided the region does not already have the pre- 
ferred polarity. The changes in orientation, which are ac- 
tually three dimensional, are represented in only one- 
dimensional fashion—the model indicates only plus or minus 


3F. Preisach, Z. Physik 94, 277-302 (1935). 

4R. Feldtkeller and H. Wilde, Elecktrotech Z. A77, 449-453 (1956). 
5H. Wilde, Z. angew. Phys. 7, 509-513 (1955). 

©H. Wilde, NTZ-Nachtech. Z. 10, 497-502 (1957). 
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orientation, for macroscopically only projections in the di- 
rection of the field are observed. The other components 
are canceled statistically. Also, we are forced to assume 
asymmetrical model areas (that is, H,, not equal to 0) be- 
cause, otherwise, loops that had been strongly pre-magnet- 
ized in a de field would not exhibit hysteresis. 

Depending on the parameters (H,, H,,), there exists for 
each ferromagnetic material a certain density distribution 
of these elementary regions. This parameter plane is called 
the “Preisach diagram.” In the Preisach diagram the mag- 
netization conditions are described by indicating which part 
of the parameter plane corresponds to a positive and which 
to a negative polarity of elementary regions. The magni- 
tude of magnetization which can be measured macroscopi- 
cally is then obtained by integration of the density distribu- 
tion or, as we might say more generally, the statistical 
density over the parameter plane, taking into account the 
signs of the regions. 
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2.2. Rules for Representing the Preisach Diagram 


Independent of any particular density distribution, we 
first ask about the form of the negatively or positively 
marked portions of the Preisach diagram, as dependent on 
the variation of the external field strength H. 

In the demagnetized state, the regions where H,, > 0 are 
oriented negatively, and those where H,, < 0 are positively 
oriented. This is not self-evident for the region H, > Hy». 
However, it will be seen later that for the usual ac field de- 
magnetization this distribution is found. 

If an external field, #, now is applied, all regions will be 
reversed for which 


Ayn+ A =H. (la) 
This new boundary is, therefore—corresponding to the 
equality sign—a straight line at 45° (see Fig. 2). 
If the field strength is reduced, then all regions will switch 
back for which 
H,,-H, = H. (1b) 
This limit is again a 45° line which is normal to the first. 
Thus, as is seen in Fig. 2, a full cycle will take place in a 
triangular region which may be considered as a representa- 
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(a) ul 


Fic. 2. Various stages of a magnetization cycle in the Preisach 
diagram. Vertical crosshatching, positive orientation. Horizontal 
crosshatching, negative orientation. 


tion of a small ac loop in the M-H diagram. In the sense 
of the limiting case, which will be considered in Sections 2 
through 4, for which many high-frequency cycles occur 
during the recording process, we think of a complete high- 
frequency cycle as being represented by the limiting tri- 
angular area in the parameter plane. The entire recording 
process may then be considered as a change in size and loca- 
tion of such a triangular region for an element of tape which 
passes the gap in the recording head. 

For a simple ac field this triangular region is situated, as 
is seen in Fig. 2, symmetrically on the H, axis. If we now 
superimpose a dc field on the ac field, the magnetization 
triangle will be moved in the direction of the H,, axis as 
can be shown by means of a step-wise construction similar 
to that of Fig. 2 [see Fig. 3(a)]. As a result of this process 
there remains below the corner P a small, triangular region 
of positive orientation [heavily crosshatched in Fig. 3(a) ]. 
This means that in the M-H plane the center of the loop 
will be moved to a certain magnetization value larger than 
zero. 

Thus, we see the intrinsic advantages of the Preisach 
representation: 

1. Instead of curves of nonlinear magnetization we con- 
sider here equilateral right triangles. 


Hen Hm 


(Als: ts 4, 


(9) (b) 


Fic. 3. Magnetization triangle in an unsymmetrical location, and 
stages of contraction during recording. 
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HIGH AUDIO FREQUENCY 


(a) (b) 


Fic. 4. Locus of the triangle apex P during recording, and the 
remanence areas obtained. Singly crosshatched: major area. Doubly 
crosshatched: minor area. 


2. The position of these triangles is dependent only on 
ac and dec field strengths, but not on the previous history, 
and in such a way that the abscissa of the corner P is deter- 
mined by the peak ac value and the ordinate by the dc 
value (or the low-frequency phase value) of the field 
strength. 


3. The representation is independent of a specific material. 

From this there follows a further simplification. The 
location of the magnetization triangle is, according to Fig. 3, 
determined completely by the location of the corner P. 
This point may be considered to represent the entire loop. 
The change of location and magnitude of the triangular 
region which represents a high-frequency magnetization loop 
during the recording process is thereby described by the 
locus of points P which starts at the origin, and, after pass- 
ing through the field of the recording gap, goes back to the 
origin. This locus is determined completely by the field 
distribution. In contradistinction to the demagnetized state, 
there remains a certain excess of elemental regions of a 
given orientation. The portion of the Preisach plane where 
these reversed regions are found will be called “the rema- 
nence area,” since integration of the density over this area 
leads to the remanence which is finally attained. 


2.3. The Remanence Area When Recording with a 
Vanishingly Short High-Frequency Wavelength 

Let us consider first the case of a frequency so low that 
the phase does not change while the particles are in the gap 
region. The recording process is now characterized by an 
increase in field strength to a maximum, followed by a de- 
crease of field strength according to the condition, Hac/Ha- 
= const = tany, where Hq is the low-frequency phase 
value which does not change across the gap, and H,, is the 
peak value of the high-frequency field. 

The locus of the corner P is then a curve with a definite 
polar angle y, in other words, a straight line which will be 
traversed twice, for the increasing and decreasing field re- 
gions at the gap. Figure 3(b) shows several stages of the 
magnetization triangles for this process. The remanence 
area obtained in this fashion is bounded by the P line, the 
H,, axis, and a 45° line which passes through the point P 
corresponding to the field maximum, as indicated by the 
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doubly crosshatched region in Fig. 3(a). The region lying 
directly below the P line will be called “the major area,” 
the remainder, “the minor area.” 

If we choose (€, 7) as the (H,, H,,) coordinates of P, then 
it is true for the general case of any frequency that 


€ = ing A(x) (2) 

» = ity A(x). 
Here the geometrical form of the gap field, A(x), is defined 
by 

H(x) = h(x) [ite (x) + ine (x) }. (3) 

The coordinate x is measured in the direction of the tape 
motion. It is preferable to consider the magnetization proc- 
esses of the tape particle as dependent on position rather 
than on time. Because of the constant tape speed these two 
parameters are linearly related; A(x,,) = 4,, will be the 
field maximum. 

For a high audio frequency the periodicity of i,» occur- 
ring during passage of an element over the gap leads to a 
curved P line, which may cut the H, axis several times, but 
must lie within the symmetrical angular region given by 
+ tan y = i.r/iny. The remanence area is, in analogous 
fashion, limited by the P line—more exactly by the descend- 
ing branch—as shown in Fig. 4(b). The ascending branch 
of the P line is only indicated dotted, since it will not in- 
fluence the remanence area. The P line does not depend on 
previous history. The remanence area will have positively 
and negatively oriented sections. 


2.4. The “Geometrically Determined Distortion” 


In the construction of the remanence area there is an in- 
trinsic limitation to be considered. The slope of the curved 
P line must not become larger than unity. Otherwise, the 
remanence area will be reduced by a 45° projection follow- 
ing from Eq. (1) (see Fig. 5). 


This leads to a limiting effect. An increase in low-fre- 


Fic. 5. 


Reduction of the remanence area for high frequency and 
large amplitude. 
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(a) 


Fic. 6. Locus of the P line for the case of two field maxima. (a) 
Low frequencies. (b) Two maxima of equal magnitude. (c) First 
maxima larger than second maximum. High-frequency cases kx» = 
w/2. 


quency current does not increase the remanence area to the 
same degree. This effect should be distinguished from satu- 
ration phenomena and may be called “geometrically deter- 
mined distortion.” For a sinusoidal magnetization it fol- 
lows that this effect does not occur when 


[hk (x/Xo) |/[# (x/xo) | |° kxo sin kx - (4) 
cos kx = (inr/ity), 
where x» is the gap half-width. 

Since the slope h’ (x/xo) of the field distribution decreases 
with increasing distance from the gap, there are always re- 
gions where Eq. (4) will not be followed—depending on the 
location of the working points and the amplitude. For low 
and medium frequencies these regions lie sufficiently close 
to the origin of the Preisach plane so that the effect is not 
noticed. High frequencies having a lower level lead to the 
same result. On the other hand, in the case of high fre- 
quencies, the limits show a more noticeable onset of the 
effect in recording. The geometrically determined distor- 
tion leads to the conclusion that at high frequencies satura- 
tion appears to be reached sooner than at low frequencies 
as far as the transfer characteristic is concerned. 

Finally, Eq. (4) is violated for another reason. The field 
distribution near the gap in general contains, not one, but 
two maxima of equal magnitude. In between is found a 
minimum where the field gradient is zero. The P line for 
this case is shown in Fig. 6(a) for a low frequency and 
Fig. 6(b) for a high frequency (kx»p ~ 2/2). For the low 
frequency, no change in remanence area is found; similarly, 
for a high frequency, no change is found for the phase value 
indicated (the apex at field maximum). It is sufficient to 
consider the magnetization process after the last maximum 
just as though only one field maximum existed. 

However, experimentally periodic fluctuations of the fre- 
quency response (when recording with a long gap) are 
found which serve as the point of departure for the theory 
by Axon,’ which also has been treated by Schmidbauer® and 
Nottebohm.® The last two authors think that this effect is 
due to the interaction of the two maxima. 

In general, it can be found from Fig. 6 that the reductions 
obtained in this fashion refer only to the remanence minor 


7P. E. Axon, Proc. Inst. Elect. Engrs. 99, Pt. III, 106-126 (1952). 

80. Schmidbauer, F. u. Ton. 7, 341-360 (1954). 

9H. Nottebohm, Elecktron. Rundschau 10, 306-307, 335-337 
(1956). 


area. This is in good accord with experimental results* 
that the undulation of the frequency response is reduced 
with increasing bias. The contribution of the minor area 
becomes smaller in comparison to the total remanence area. 

A more exact analysis shows, however, that at high fre- 
quencies a certain distortion of the original sinusoidal wave- 
form occurs, but that there is practically no periodic change 
in amplitude as a function of wavelength. Such a depend- 
ence only exists when one assumes that the first maximum 
is larger than the second one [Fig. 6(c)]. This would 
mean that the two gap edges have a different sharpness, 
which may be perfectly possible as a result of unequal 
grinding conditions. 

We shall not consider the fact that the direction of the 
field changes considerably as one traverses the gap. The 
influence of this change of orientation has not yet been 
clearly understood. However, we may assume that the in- 
fluence on the field distribution between the two maxima is 
of the order of magnitude of the contribution of the minor 
area. After the second maximum, the change in direction 
is of lesser importance so that one can settle for an average, 
fixed field orientation. 

More modern types of tape have a preferential magnetic 
direction longitudinally. In the extreme case the magneti- 
zation processes would depend only on the longitudinal field 
component. The change in direction of the resulting field 
in that case need no longer be considered. 


2.5. Print-Through and Erasure Effects 


Macroscopically equal remanences may have different 
characters depending on the previous history leading to 
them. In the Preisach diagram this is shown by the fact 
that for equal total contributions the remanence areas may 
have different shapes and locations. Since these differences 
cannot be recognized on the basis of the M-H diagram, there 
are effects which can be explained only by the Preisach 
model. 

The influence of weak dc fields on a tape recording (for 
example, the print-through from one layer of tape to the 
next) is ordinarily only weakly disturbing. An additional 
ac field which increases and decreases again will reinforce 
considerably the print-through effect. Figures 7(a) and 
7(b) show the remanence areas for both cases. As will be 
shown later during consideration of the density distribution, 
this effect is linear in character. If we have a master tape 
of large coercive force, it is possible to produce tape copies 
inexpensively by means of this effect. 

However, this effect usually will appear as an undesirable 
disturbance. According to Krones,'’:'' such a disturbed 
recording may be improved by exposing it to a weak, pure 
ac field which will considerably weaken the disturbing re- 


10 F. Krones, Magnetische Schallaufzeichnung in Theorie und Praxis 
(Technische Verlag, B. Erb, Vienna, 1952). 

11F. Krones, Herstellung und elektroatustische Eigenschaften der 
Agfa-Magnettonbander, -Filme und -Bezugsbiinder (Springer Verlag, 
Berlin, 1955, pp. 289-319). 
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THE MAGNETIC TAPE RECORDING PROCESS IN TERMS OF THE PREISACH REPRESENTATION 


cording but not the original, desired recording. Figure 7(c) 
shows the remanence area for the original and for the dis- 
turbed recording. Figure 7(d) shows the elimination of the 
disturbance by an ac field of amplitude H,;. The original 
recording is reduced only slightly. The disturbance is com- 
pletely removed. 

The freedom from disturbance of recording made by using 
high-frequency bias is sometimes ascribed to stabilizing 
effects (in comparison to the older dc bias recording proc- 
ess). In fact, however, this performance can be simply 
explained by the fact that the remanence area, even for low 
level, low-frequency signals will extend to large H, values. 
Complete erasure of a recording is only possible by means 
of an ac field, H tac = = lite -s ine | (provided that the 
distribution function has not fallen off too greatly in the 
more distant parts.of the remanence plane). This is not 
the case for the usual recorder adjusted for approximately 
maximum sensitivity. The P line in this case is the H, axis, 
which is traversed in both directions. Therefore, it follows 
for the demagnetized condition, that all elemental regions 
are negatively oriented above and positively oriented below 
the H,, axis, which has already been shown to be the neutral 
state. 

If a tape already recorded is passed over the recording 
head a second time, with the head being excited only by 
the original bias current, then only half of the minor area 
will remain. If a second recording is superimposed on the 
first, the second recording must be modulated correspond- 
ingly less in order not to mask the first because the first is 
partially erased. For a third recording, without audio fre- 
quencies, only the second recording will be reduced. 

In order to reduce the first recording less when the tape 
is recorded again, it is recommended that a lower bias cur- 
rent be used. By a proper choice of bias, it is even possible 
to erase the second recording without noticeably reducing 
the first. 

3. CONCLUSIONS FOR A SIMPLE DISTRIBUTION FUNCTION 
3.1. Small Bias Amplitude 

Since the rules of representation discussed above are con- 
cerned only with the parameter plane, they are applicable 
for any ferromagnetic substance as long as the Preisach 
model may be applied; that is, as long as the threshold 
values are constant and do not depend on time (after ef- 
fects) or on magnetization conditions. 

Uncertainty first enters in when assumptions are made 
concerning the elemental density distribution. However, 
this condition is only temporary since the distribution can 
be measured exactly, so that at least in principle the con- 
clusions can be made more definite. 

A first study will be based on the simplest possible dis- 
tribution function, p (H», H,,), which gives Rayleigh’s law 
exactly for small field strengths, and the saturation hystere- 
sis loop correctly in its main features for large field 
strengths. These~conditions may be fulfilled in a very sim- 
ple fashion, which means that the Preisach representation 
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Fic. 7. Reinforced print-through and removal of print-through 
disturbance in recording by means of a weak ac field. 


describes the ferromagnetic properties particularly well. 

As has already been shown by Preisach,* the first condi- 
tion is fulfilled by requiring p = po = const for small field 
strengths. In this case the magnetization is proportional to 
the Preisach area which has switched polarity. The mag- 
netization curves in Fig. 2 are therefore parabolas as re- 
quired by Rayleigh’s law. 

The saturation phenomena occur because at larger dis- 
tances from the origin the distribution p becomes zero. We 
suppose now that the transition between the region for which 
p = po and that for which p = 0 is discontinuous, and we 
will assume that the po region has the shape of half an 
ellipse whose apex lies at the point, H, = H*. For reasons 
of isotropy the pp region must be symmetrical about the H, 
axis (see Fig. 8). 

The case of “small amplitude” is characterized by the 
fact that the remanence area lies completely in the po re- 
gion. In this case the remanence is simply proportional to 
the remanence area. This is made up of major and minor 
areas (Fig. 4) so that in the case of low frequencies 


M, = (po/2) An? line tue + iue** (ine/\ite|) | (5a) 
= (po/2) Am? tue ity [1 + (iue/tue) * (ite/ lice!) }, 
where #,, is the field maximum above the gap. 


In the case of any audio frequency the major area M,y 
has a boundary curve » (€) such that from Eq. (2) we get 


bm . ° °@ - ’ 
Min= Jf 1d€=-tur 5. ipy (x) A(x) h’(x) dx. 
Thus, we get for the remanence in the general case, 
M, = (po/2) Ay” iue* * (ite/ ite|) — po tar (5b) 
f° inw(x) h(x) W(x) de. 
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Fic. 8. Location of the remanence area relative to the po region 
for the case of small amplitude. 


Equation (5) thus agrees exactly with the result of 
Schmidbauer® if pp = 4b. Our derivation is much simpler 
and can be read off almost directly. It should be noted 
that the derivation may be based on a more precisely de- 
fined condition. Schmidbauer found it necessary to require 
that the entire magnetization process lie in the Rayleigh 
region during recording. Here it is sufficient that only the 
remanence area itself lie in the pp region, whereas the mag- 
netization triangles (Fig. 3) which represent the magneti- 
zation loops which are traced during recording do not neces- 
sarily lie in that region. Thus, the range of validity rela- 
tive to the maximum amplitude is extended. 


3.2. Large Bias Amplitude 
The case of “large amplitude” presupposes 


hy ine = H*. (6) 


In this case the minor area always lies in the region p = 0. 
Of the major area, only the portion lying within the po re- 
gion need be considered. According to Fig. 9, for the case 
of low frequencies when we assume a sufficiently small ipr 
amplitude so that the curvature of the boundary of the po 
region near the apex H* is not significant, it follows that 
M, = (po/2) (H*)? (ite/ine) = Mo’ (ite/inr). (7a) 
Here M,' is a formally introduced, extrapolated satura- 
tion remanence which would correspond to the actual one 
if the po region were not of a half-elliptical form but rather 
were a strip of width H* having parallel sides (see Fig. 9). 
Equation 7(a) corresponds exactly to the relation which 


follows also from the Westmijze'? model. Our derivation, 
however, uses much more generalized assumptions. The 
Westmijze model is based on a very specific p distribution; 
that is, a line-type distribution parallel to the H,, axis at 
a distance H*. 


For high audio frequencies it follows, according to Eq. 
(5b). that 


M, = - poinr s: ipe(x) h(x) h'(x) dx. (7b) 


Here, for the lower integration limit x*: 

inp * A(x*) = H*. (8) 
The integral in Eq. (7b) will depend implicitly on igy since, 
according to Eq. (8), the lower limit x* is determined by 
the field distribution over the gap. To eliminate this char- 
acteristic we normalize the integral by introducing 


g(x) = h(x) /h(x*). (9) 
Thus, we finally obtain 


M, = Mo'/ine (-2) f ¢(x) 8'(x) ine (x) dx. (10) 


The integral in Eq. (10) gives the frequency response of 
recording for the case of large amplitude—analogous to the 
formula by Schmidbauer [Eq. (5b)] for the case of small 
bias amplitude. It shows a monotonic reduction for high 
frequencies (see also Section 3.5). 

Equation (10) corresponds exactly to Eq. (9) in refer- 
ence 2, which was obtained on the basis of the M-H dia- 
gram. There, a small high-frequency (HF) loop was as- 
sumed to be made up of arcs of parabolas and sections of 
the limiting loop. The necessary hypothesis of congruence 
means, in this particular case, that the py region must be a 
rectangle whose small side is H, — H*. This indicates that 
the postulate of congruence is too stringent. 


3.3 Sensitivity Characteristic from Considerations of 
Sections 3.1 and 3.2 
The sensitivity is understood to mean the dependence of 
the playback voltage on the bias current for small low- 


Fic. 9. Remanence determination in the case of a large high- 
frequency amplitude and a low-frequency signal. 
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Fic. 10. Dependence of sensitivity and distortion factor for a 
piece-wise constant p distribution. 


frequency amplitudes and a constant audio frequency: 
E= (0U,,/0 izr) | po — F(ne). (11) 


If we assume a sufficiently thin tape so that throughout the 
thickness of the tape coating the same field distribution 4, 
is valid, then we obtain a linear increase below the point, 
iny — H*/h,,, according to Eq. (5), and above this point 
a hyperbolic decrease according to Eqs. (7a) or (10). This 
is shown in Fig. 10(a). For a tape of finite thickness the 
maximum value of the field strength 4,, depends on the 
depth coordinate y of the tape. Thus, the peak of the curve 
[Fig. 10(a)] lies at a somewhat different place for each 
infinitesimal layer of tape. The reproduction process pro- 
ceeds, to a first approximation, as a summation of the values 
e*”, Thus, the sharp peak becomes a broader maximum. 
Similarly, the maximum becomes flatter when we let the po 
region go into the region p = 0 with a gradual transition. 
Thus, in spite of the extreme simplification of a uniform 
p distribution, the result is in good qualitative agreement 
with experiment (see also Fig. 12). 


3.4 The Nonlinear Distortion Characteristic 


This is measured at a fixed audio frequency, and the low- 
frequency amplitude is, in each case, adjusted so that the 
playback voltage is maintained at a fixed reference level. 
For low levels of the bias, the entire remanence area lies in 
the p) region. The quadratic contribution of the minor 
area then leads to a greater-than-linear characteristic. With 
increasing bias current the contribution of the minor area is 
reduced in comparison to the entire remanence area and, 
therefore, the distortion coefficient K, is also reduced. UlI- 
timately the minor area will extend beyond the po region 
so that it makes no contribution. From this there follows 
an even more rapid decrease of the distortion down to a 
minimum when the contribution of the minor area is ap- 
proximately equal to the corner of the major area which 
extends beyond the boundary of the pp region [approxi- 
mately as represented in Fig. 10(b)]. The contribution of 
the minor area decreases further, and at the same time the 
major area is limited more severely, so that the character- 
istic becomes less than linear and the distortion increases 
again. Beyond the point where igy = H*/h,,, the minor 


area does not contribute in any way. The distortion re- 
mains constant from that point on, since the remanence de- 
pends only on the ratio, ipy/iny [Fig. 10(a)]. If one takes 
into account the modification of the characteristic by the 
contribution of all tape elements throughout the thickness 
of the tape, as in Section 3.3, the measured characteristic is 
in qualitative agreement (see references 8 and 9). In par- 
ticular, this explains why the distortion minimum lies lower 
in frequency than the sensitivity maximum. 

Quantitative agreement naturally cannot be obtained from 
such simple assumptions concerning the p distribution. 
Since, in spite of idealized conditions, the correct trends are 
obtained the method must be considered a fair success, be- 
cause any statement concerning the distortion requires a 
rather exact knowledge of the system as regards sensitivity 
or frequency response. 


3.5. Frequency Response for Large High-Frequency Amplitude 


The integral of Eq. (10) represents the analytical formu- 
lation of what is called “recording demagnetization.” This 
effect has been discussed by Muckenhirn."* For a high 
audio frequency in the region of decreasing gap field the 
small, contracting high-frequency loop undergoes periodic 
motions up and down (as seen in the M-H diagram) which 
show a decreasing slope on the average. In the limiting case 
the remanence disappears entirely—as in the well-known 
single-frequency ac demagnetization. 

In the Preisach diagram, the P line will follow an alter- 
nating course under these conditions and will cut out rema- 
nence partial areas which decrease in amplitude from right 
to left, which alternate in polarity. 

To make an estimate of the frequency response we em- 
ploy a simple field approximation because the exact field 
representation is too complicated and can be shown exactly 
only in graphical form. One should consider, however, that 
the main contribution near the lower integration limit x* 
is furnished by the partial areas, which lie furthest to the 
right. It is, therefore, necessary to approximate the field 
pattern in that region as well as possible, whereas later on 
deviations are permissible. 

The simplest approximation of this type is given by 

g(x) =e? [(x-—2x*)/xo]. (12) 
The half gap width x» is introduced in the exponential for 
normalization. . 

Through the use of ity = |ipp! cos k (xn —€&), where € is 
a coordinate moving with the tape, it follows from Eq. (10) 
that 
M, = Mg’ (itr/iny) Q (Rx—/a) * cos [k (E-x*)-8] (13) 
with Q (uw) = [1/(1+ w*)”*]; tand = u; uw = kxo/a. 

The frequency response 2 (mu) corresponds to an RC 
combination of time constant r = x9/ac. Beyond a limiting 
frequency f, we find a decrease of 6 db/octave. The limit- 
ing frequency is characterized by a decrease of 3 db. It 


12 W. Muckenhirn, Proc. Inst. Elect. Engrs. 35, 891-897 (1951). 
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Fic. 11. Determination of the decay constant from the gap-field 
plot. Field pattern from Schmidbauer and Nottebohm. 


follows that 
uy = 1 f, =a (c/2 eX), (14) 
where c is the tape velocity and x» is the half gap width. 

The decay constant a corresponds to the slope of the gap- 
field pattern at point x* and can be obtained from Fig. 11. 
According to Eq. (8), x* is the point for which the field 
strength reaches exactly the value H*, which is dependent 
on the material, as shown by the intersection of the field 
plot with a straight line parallel to the x axis (dash-dot line 
in Fig. 11). According to Eq. (12), the tangent at this 
point cuts the section 2/a on the normalized x axis. 

The field distribution depends on the coordinate y in the 
direction of the tape thickness, and x* and @ are similarly 
dependent. The thickness of the tape coating which can be 
magnetized is approximately equal to the gap width, so that 
the y dependence plays an important role. 

In the example discussed for which the high-frequency- 
bias amplitude is near the sensitivity maximum, and for 
2x» = 10 », and c = 19 cm/sec, the limiting frequency is 
as shown in Table I. 

In Fig. 11 two families of field curves are shown. The 
family in Fig. 11(a) depicts the total field strength. The 
resulting spatial field orientation changes appreciably across 
the gap. During the many changes in magnetization which 
are experienced by a tape element as it passes the gap, one 
may assume for a magnetically isotropic tape coating that 
the magnetization direction is the same as the field direction 
as long as the maximum value lies above value H*. In the 
region of interest on the trailing slope of the field, the field 
direction changes less so that for a first approximation we 
may assume it to be constant in space. 

Since the more medern types of tape have a preferred 
direction of magnetization in the longitudinal direction of 
the tape, the magnetization processes will, in the extreme 
case, depend only on this field component, as shown in Fig. 


TABLE I. 
H | H, 


U/Xo 0.05 0.6 0.05 0.6 
f, (ke) ef 1 15 1.1 


11(b). The true case lies between these two limiting cases, 

As shown in the table, the high frequencies are preferen- 
tially recorded on the tape surface closest to the head. This 
effect is in agreement with the so-called “twist effect” found 
in magnetic wire recording, where high frequencies are re- 
produced in an irregular fashion at a higher or lower level, 
depending on whether or not the side passing the head dur- 
ing recording occupies the same position during reproduc- 
tiont (see also reference 10). 

In the ordinate direction in Fig. 11, the purely geometric 
field plot is shown normalized in multiples of the field 
strength Ho in the interior of the gap. The actual field 
strength results from multiplication by the current through 
the coil. The ordinate of the fixed value H* is inversely 
proportional to the coil current iq». The larger the bias, 
the lower the location of the H* straight line, and the flatter 
the field distribution near points x*. Since the field dis- 
tribution falls off at a rate less than exponential, the quan- 
tity a also decreases. The limiting frequency goes down 
and the frequency response is reduced at high frequencies. 

Such an effect has also been shown experimentally (see 
Fig. 49 and table on page 141 in reference 10). 

Equation (10) shows the proper trend of frequency de- 
pendence of the recording in relation to the field distribu- 
tion. The description is incomplete, however, because the 
mutual influence of neighboring elements of the tape has 
not been taken into account. This leads to a more difficult 
problem which cannot be discussed at this point. 


4. A MORE GENERALIZED DISTRIBUTION FUNCTION 
4.1. Distribution Dependent Only on H, 


The simple distribution function which is piece-wise con- 
stant is seen to describe the most important properties of 
magnetic recording. We have thereby obtained a very suit- 
able idealized concept. Physically, of course, one would 
expect a more complicated distribution. 

For the special case in which the distribution function 
over the remanence plane depends only on the abscissa H), 
the results obtained thus far can be easily generalized. If 
we assume again that the remanence M, is made up of a 
major area M,,, and a minor area M,y then it is true that 


Mn = — ine p line A(x) | + A(x) A(x) ipe(x) dx (15a) 


fuel in 
(1/iur) ct p (H,* Hy* ice |x(A,)| dH, (15b) 


tuys a } : 
M,x = f pL! + invhn| (itrAn — 0) d |, 
where h,, = A(x,,). 


Equations (5), (7), and (10) are special cases for the 


(15c) 


t This effect is reinforced by the effect of the playback mechanism. 
The tape elements that are further away have a statistical weight of 
e*”. The tape cross sections that are further away from the gap for 
which the field maximum H* is not attained will have, according to 
Eqs. (5) and (10), a weaker recording. When the back side is 
played back, then the side which carries most of the recording is 
further away. 
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case where p is piece-wise constant. They apply also to the 
transition region between small and large bias amplitude. 
We find also from Fig. 11(b) that for low frequencies; 
that is, 

x(H,) ~ const for 0 = Hy, = igre hm, 
the Westmijze formula [Eq. 7(a)] is obtained with the 
more general definition 


tuyh 


Mi =f ~ p(Hy) Hy dA. (16) 


If one sets p = s’,+ Eq. (15) is almost identical with Eq. 
(5) of reference 2. which was derived by assuming the con- 
gruence hypothesis. If we express this in terms of the 
Preisach diagram, congruence demands that the condition 
p—p (H,) be true for the entire region which is covered 
by the magnetization triangle during recording. The rema- 
nence, itself, is made up of only the portion of the distribu- 
tion which lies on the remanence area. For the remanence— 
but not for the magnetization curves which lead to it—it 
does not matter what form the distribution function has 
beyond the remanence area. 

On the other hand, this property of invariance which is 
now apparent justifies the congruence hypothesis as a rea- 
sonable representation, in spite of contrary experimental 
results, if one prefers to describe the recording process in 
terms of the formerly used M-H diagram. If one is free to 
adjust the distribution outside the remanence area, then one 
can make a choice of values which lead to congruence. 


4.2 Linearity and Amplitude Characteristics 


Each theory of the recording process attempts to explain 
the linearization of the recording characteristic by high- 
frequency superposition. This property is remarkable be- 
cause the principle of remanence production is based on 
nonlinear hysteresis effects. 

It is not sufficient to represent this property by a lineariz- 
ing scheme such as has been done by Westmijze' or Axon.’ 
To come to a complete understanding it is necessary to take 
as a basis the most general—physically realizable—case of 
ferromagnetic properties. So far this possibility is offered 
only by the Preisach model. 

Even the most general distribution function is limited by 
the condition of 180° isotropy of the material. From this 
it follows that the p distribution must have symmetry with 
respect to the H, axis. The line, p= const, will cut the 
H,, axis at a right angle, and in the neighborhod of the H, 
axis the statement made in Section 4.1 that the distribution 
function depends only on H, is true. Therefore, for small, 
low-frequency amplitudes the property of linearity is true, 
according to Eq. (15). (The contribution of the minor 
area is of second order.) 

For the recording characteristic beyond the initial region 


+The fact that the integration intervals are somewhat different 
does not matter provided that p (H») falls off sufficiently fast after 
H, = H*, which corresponds to condition II in reference 2; namely, 
that the points of inflection lie sufficiently close to the limiting loop. 
At this point the minor area does not make any contribution. 


we consider major and minor areas separately. The con- 
tribution of the major area is strictly linear as long as it 
is true for it that p = p (H,) [according to Eqs. (16a) and 
(16b)]. For larger low-frequency amplitude the remanence 
area is more extended in a direction perpendicular to the 
H,, axis so that the curvature of the line, p = const, becomes 
more important—in a similar manner as for the boundary 
of the po region in Fig. 8. The contribution of the major 
area becomes increasingly less than linear as saturation is 
approached. 

The minor area, however, increases initially with low- 
frequency amplitude according to a quadratic relation, then 
at a rate greater than linear, until finally it reaches a con- 
stant, saturated value if it extends into a region where the 
distribution has fallen to a negligible value. In the mid- 
range the greater than and less than linear contributions 
compensate so that, for a proper choice of the working point, 
the region of linear modulation is extended. In addition, 
the effect of “geometrical distortion” (Section 2.4) enters, 
causing the saturation curvature to set in sooner for high 
frequencies than for low frequencies. 


4.3. Displacement of the Sensitivity Curve 
as a Function of Frequency 

Experiment shows a dependence of the sensitivity curve 
on frequency which cannot be explained on the basis of the 
simple approximation of Section 3. It is found that the 
maximum is shifted toward the left for increasing frequency 
[see Fig. 12(a) ]. 

The sensitivity in the general case is given by Eqs. (15a) 
and (15b), except for unimportant constants and a propor- 
tionality factor, if one inserts the distribution along the H, 
axis and divides by the i; amplitude—according to defini- 
tion of Eq. (11). For a first approximation, however, con- 
siderations based on the Preisach diagram are simpler and 
sufficient. 

In Fig. 12(b) the remanence areas are drawn for a low 
and a high frequency, and for two different values of bias 
amplitude. The density of a p distribution which one might 
expect along the H, axis is indicated on the remanence areas 
by the density of the crosshatching. This p distribution is 
also shown by the upper curve of Fig. 12(b). For low fre- 
quency the conditions of the lower diagram result in a great- 
er sensitivity than do those of the middle diagram. For the 
high frequency the oscillating P line forms partial areas 
whose areas decrease in going from right to left. However, 
for a p distribution of the type shown, the contributions of 
the partial areas in the lower diagram almost cancel. In this 
case, the conditions for the middle diagram result in a 
greater sensitivity. Thus, the decrease in sensitivity for 
high frequencies sets in earlier, and the maximum of the 
sensitivity curve is shifted to the left. 

For a material having a distribution function which de- 
creases very slowly along the H, direction, one obtains a 
very broad and not well-defined sensitivity maximum for 
low frequencies. For high frequencies, however, the can- 
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Fic. 12. Displacement of the sensitivity curve as a function of 
frequency. 
cellation of the remanence partial areas leads to a sharpen- 
ing of the maximum, as well as to its displacement. [This 
can also be seen in Fig. 12(a).] Reference is also made to 
this effect in Standards Sheet CIN (Bias for Maximum 
Sensitivity). 


4.4 Interpretation of the Effect of Remanence Increase 

This effect, described in reference 2, appears to contradict 
the justification for the alternative representation found in 
Section 4 by using the congruence hypothesis. In this case 
the remanence should not be larger than can be expected 
from congruence. 

The extrapolation to My’ means that ideally we think of 
the actual p distribution in terms of an equivalent distribu- 
tion for which the condition p = p(H») is true—at least 
in a certain region where |H,,| << K. However, if we deter- 
mine M,’ from the tangent to the limiting loop at the coer- 
cive force (see Fig. 2 in reference 2), then the distribution 
along the H, axis cannot be extrapolated to all other H,, 
values, but the distribution of the magnetization-reversal 
front can be, provided that its position corresponds exactly 
to the coercive force. 


Since the distribution function falls off on both sides of 
the H, axis, this equivalent distribution leads to small val- 
ues for the distribution along the H, axis and thereby to a 
small remanence. Thus, one must not base the equivalent 
distribution on the actual hysteresis loop of the material in 
question but rather on a loop which has a greater slope at 
the coercive force. 


5. EXTENSION TO FINITE HIGH-FREQUENCY 
WAVELENGTH 


5.1 The Saw-toothed Curve and the Fluctuation Area 


Thus far we have considered the limiting case in which a 
tape element experiences a very large number of high- 
frequency cycles in passing the gap, so that the correspond- 
ing wavelength Ayr on the tape is vanishingly small com- 
pared to the gap width. This leads to particularly simple 
remanence areas. The bias period does not appear on the 
tape at all. 

However, for values of bias frequency, gap width, and 
tape velocity used in practice, this limiting case is not at- 
tained; rather, only a limited number of bias wavelengths 
are equal to the gap width. The upper limit of the rema- 
nence area is no longer the locus of the corner P of the 
magnetization region (Fig. 3) but rather is formed from 
segments of the magnetization triangle. Thus, a saw- 
toothed curve is obtained which oscillates about the former 
P line as constructed on the basis of Eq. (1). The shorter 
the high-frequency wavelength, the more nearly the saw- 
toothed curve will follow the P line. 

The saw-toothed curve depends on the particular phase 
value of ihe high frequency in reference to the tape element 
considered (see Fig. 13). Thus the remanence area be- 
comes larger and smaller periodically with the high-fre- 
quency wavelength so that a residual recording develops. 
This can also be shown experimentally. 

The residual recording in itself is of no interest since it 
is ordinarily removed by the low-pass effect of the electrical 
circuits. However, its average value during one period is 
of interest. 

The average value of the remanence area bounded by the 
saw-toothed curve is indeed equal to that bounded by the 
P line, but the average values of the contributions of the 
two areas are not equal as long as the distribution function 
is not exactly constant. 

During a high-frequency period the saw-toothed curve 
will cover a certain portion of the Preisach plane which we 
shall call the “fluctuation area.” This is bounded by a 
curve p (r) extending on both sides of the P line, for which 


o = igre ht (x/xo) (17) 
t = ine (Anr/4%0) | A’ (x/xo) | + [1 - (ite/inr)*], 
where xo is the half gap width, o is the coordinate in the 
H, direction, and r+ is the coordinate in the H,, direction 
measured from the P line. 
For an exactly linear field decrease, hk’ (x/xo) is constant, 
and the fluctuation area is therefore rectangular except for 
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Fic. 13. Location of the saw-toothed curve inside the fluctuation 
area. (a) Linear field decrease. (b) Gaussian field decrease. 


b 


the 45° ends, which correspond to the reduction of Fig. 5 


tuation plane having a bowed shape. 


5.2. Dependence of Sensitivity on High-Frequency 
Wavelength 


frequency amplitude. 


tion of elements dv. 


2m Se ut8 edd 
dv/2 is _= J x + Sig ] 
Z..+8 
— dv | 
S—0 ‘ 
dm = (vdv iny) * p (V,Zm) * tie. 


The sensitivity is ebtained by integrating over v, as 


Pp (v,w) dw — dv “p (v,Zm) °S 


Z m 


“h 


” p (v,Zm) v dv. (18) 
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Fic. 14. Obtaining the average value of the fluctuation area. 
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[Fig. 13(a)]. A Gaussian field decrease results in a fluc- 


Thus, for each high-frequency phase value we can plot 
| the saw-toothed curve. In order to determine the average 
value of the contribution from such curves, all phase values 

must be considered. We will be content with an approxi- 
mation which uses only the peak values of the fluctuations. 


Figure 14(a) shows the location of a saw-toothed curve 
Z» (v) for the peak value of the fluctuation, where the fluc- 
tuation area is symmetrical about the H, axis. For the 
sensitivity we consider the limiting case of a vanishing low- 


Figure 14(b) shows a cross section through the distribu- 
tion along the line H, = v. We now examine the contribu- 


For the average value of the fluctuation we obtain, for 


+Z, 8 
$= ipx/ing *v, dM = dv/2 # = (v,w) w/|w| dw = 


47 


If we now assume that the distribution falls off in a bell- 
shaped curve in the +H,, direction, then for 0S |Zy| +r 


p(v,7r) Sp (v7, Zn) =p (v,0), 
whence 


E not equalto0 = equal to 0. (19) 
¥ uF 


According to Eq. (17), + decreases in proportion to Agr. 
Equation (19) therefore states that with decreasing high- 
frequency wavelength the sensitivity will increase to an 
asymptotionally reached limiting value. 

This effect was found experimentally by Schmidbauer*® 
but so far no explanation was possible. 


5.3. Dependence of Distortion on High-Frequency 
Wavelength 

With increasing high-frequency wavelength the distortion 
decreases according to Schmidbauer*® along with the sensi- 
tivity. This property can be determined immediately from 
Fig. 14(b). For vanishingly short high-frequency wave- 
lengths, the area Qo(s) represents the contribution of ele- 
ment dv to the recording characteristic. Its character is 
less than linear due to the bell shape of the p region. 

For finite high-frequency wavelengths, one should take 
the mean value of areas Q,(s) and Q.(s). Since one of them 
has a less-than-linear and the other a greater-than-linear 
character, a linearization by cancellation is obtained. 

In the same way, that is, as cancellation of the generally 
less-than-linear trend of the major area (see Section 4.2), 
it turns out that the extent r+ of the fluctuation area with 
increasing amplitude i; decreases according to Eq. (17). 
This means that the areas Q,; and Q» will get closer to each 
other and hence grow in an upward direction. 


6. CONCLUDING REMARKS 


The considerations concerning the recording process are 
still limited to qualitative statements. A quantitative en- 
largement requires a more definite knowledge of the dis- 
tribution function, in particular near the H, axis. The 
usual measuring techniques can yield no information in this 
regard. A possible method of measurement consists of pro- 
ducing remanence areas which grow in a definite step-wise 
manner and in determining the resulting changes in rema- 
nence. Another possibility would be to measure losses under 
particular conditions. 

The Preisach representation, therefore, combines all of 
the important parameters in a single description as has been 
described in Sections 2 and 3, with the further possibility of 
determining the actual measured values for a specific ma- 
terial. It is, therefore, highly recommended for the experi- 
mental worker as well as for purposes of development. 
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Experimental Determination of the Effectiveness 
of Microphone Wind Screens 


Joun C. BLEAZEY 


RCA Laboratories, Princeton, New Jersey 


The main objective in wind screening of microphones is to provide a reduction in wind response 


without affecting the signal response of the microphone. 


Measurements have been carried out 


indoors employing a wind generator and correlated with outdoor measurements under natural 
conditions of moderate wind velocities. Experimental data have been obtained relating the wind 
noise to the volume of the wind screen, the type of material used in covering the wind screen, 
and the number of layers of material used in covering the wind screen. 


INTRODUCTION 


UTDOOR broadcasts, public address systems, and meas- 

urements of sound fields are often disturbed by wind 
noise. The problem of screening microphones from wind 
has received very little attention’ in spite of its great im- 
portance. No theory has been developed to explain the 
attenuation of wind disturbances as a function of the size 
of the wind screen, or the attenuation to be expected as a 
function of the screening material used. This paper pre- 
sents an analysis based upon experimental data relating the 
size of the wind screen, and the material covering the wind 
screen, to the effectiveness of the screen. 


When a microphone is placed in an environment where it 
is subject to wind, it may be excited in the following three 
ways: (1) the microphone is subject to low-frequency fluc- 
tuations due to velocity fluctuations of the wind, (2) the 
microphone may create due to its configuration fluctuations 
in wind pressure, due to turbulence around itself, in a steady 
wind otherwise free from pressure fluctuations, and (3) 
there may be audible sound produced from the first two 
named actions. 


Spherical-type wind screens have been used exclusively in 
the experiments described in this paper since from the stand- 
point of reducing turbulence they should perform better 
than other shapes. 


1H. F. Olson, Acoustical Engineering (D. Van Nostrand Company, 
Inc., Princeton, 1957), p. 332. 


2W. D. Phelps, RCA Rev. 3, 203 (1938). 


3L. L. Beranek, Acoustic Measurements (John Wiley and Sons, 
Inc., New York, 1949), p. 258. 


THEORY 


A microphone wind screen is an enclosure for a micro- 
phone which offers negligible attenuation to sound-excited 
pressure fluctuations, and high attenuation to wind-excited 
pressure fluctuations. How well the wind screen performs 
is a function of the size and shape of the wind screen, and 
a function of the material covering the wind screen. 

The pressure of a spherical wind screen has been pre- 
viously derived by Phelps.” The equation of continuity for 
a sphere of radius a immersed in a perfect fluid moving with 
velocity V in the X direction having irrotational motion 
reduces to* 


0/dr [r* (0@/dr)| + (1/sin 6) 0,06 (1) 
[sin 6 (0@ 00)] = 0, 
where # is the velocity potential, r is the distance to the 


observation point, and @ is the angle between the line join- 
ing the observation point and the axis of reference. 


The solution of Eq. (1) is given by 
@ = Arcos é+ B/,* cos 4 (2) 
where A and B are constants. 
Substituting the boundary conditions. 
+ (d@/dr),=,=0 and + (00/dr),=, =V cos é 
O&/dr = A cos 6— (2B/r*) cos 6 
A=-4V B=+%4Va 
® = V cos 6 [r + (a*/2r") |}. (3) 


The components of velocity of the fluid in the direction 


4L. Page, Introduction to Theoretical Physics (D. Van Nostrand 
Company, Inc., Princeton), second edition, p. 224. 
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of increasing y and increasing @ are 
v, = 00/0r = V cos 6 [1 — (a*/r*)} (4) 
v, = (1/r) 06/06 = V sin 6 [r + (a°/2r*)] (1/1) 
{(O@/dr)* + [(1/r) 00/00]*}* = 
V {cos* 6 [1 — (a*/r*) ]* + sin? 6 [1 + (a*/2r*) ]*}”. 
The general expression relating pressure and irrotational 
velocity in fluid is given by 
p/p = 00/0t -T - Yav? + Fit) (5) 
where p is the pressure; p is the density; F (t) is the con- 
stant of integration, function of time alone; and T is the 
external force. Taking T as zero, 
p/p = OV /dt cos 6 [r + (a*/2r7)] — “AV? (6) 
{cos* 6 [1 — (a*/r*) ]? + sin? 6 [1 + (a*/2r*) ]?} + F (¢). 
The assumption of incompressibility is responsible for the 


term pr (OV /0t) cos @ in the expression for pressure. Since 
this is not true for wind waves, it will be omitted. Then, 


p = p (OV /dt) cos 6 (a*/2r*) — YV" p (7) 

{cos? 6 [1 — (a*/r*) |? + sin? 6 [1 + (a@°/2r*) ]?} + 
pF(t). 

Let P be the pressure at 6 = 7/2 and r >> a then, 
P=-p(V?/2) + pF (t) (8) 
pF (t) =P +p (V2/2) (9) 

when r = a 
p = p (OV /dt) [cos 6 (a/2)] - (10) 
p (V7/2) [9/4 sin? 6] + P + p (V?/2) 

pb = p (V*/8) [-9 sin’ + 4] + (11) 

Yapa cos 6 (OV /dt) + P 
pb = p (V2/8) [9 cos? @— 5] + (12) 


VYopa cos 6 (OV /dt) + P. 


From the above expression the wind pressure on any part 
of the sphere may be determined as a function of 6, pro- 
vided V and 0V/dt are known. Of great significance is the 
fact that for a wind noise of very low frequency, where 
dV /Ot approaches 0, the pressure on the sphere is independ- 
ent of the radius a, and a function of V and @ alone. 

It is obvious that with a disturbance as random and un- 
predictable as wind, while the theoretical considerations 
lead to a better understanding of the variables involved and 
their relative significance, a curve of pressure vs radius of 
wind screen would have little significance unless the wind 
velocity and wind acceleration were known at every instant 
over every angle of the wind screen. It is for this reason 
that the data presented in this paper rest totally on experi- 
ments performed under normal wind conditions. 

The second part of the problem to be considered is the 
relationship between the material covering the wind screen 
and the wind-excited and sound-excited pressure fluctua- 


tions within the wind screen. This problem may be investi- 
gated on the basis of the flow resistance of the material used. 
The flow resistance of a porous material is the ratio of the 
pressure difference across the material to the rate of flow 
through the material. The specific flow resistance is usually 
specified as the flow resistance per unit cube.® 

r, = pA/Ud, (13) 
where p is the pressure difference between the two surfaces 
of the material in dynes per square centimeter, U is the 
volume current through the material in cubic centimeters 
per second, A is the area of the material in square centi- 
meters, and d is the thickness of the material in centimeters. 

The acoustical resistance is defined as: 


se p/U. (14) 
Substituting Eq. (14) into Eq. (13) 
rpxd —ryx A. (15) 


The acoustical resistance of silk cloth has been deter- 
mined to be 4 acoustical ohms for a single layer 1 cm? in 
area.” Therefore, 

r, x d = 4 acoustical ohms. 

It is sometimes more convenient in acoustical work to ex- 
press the nondimensional ratio of flow resistance per unit 
area (r;d) to the characteristic resistance of air pC = 42 g/ 
sec/cm*. 

rd/pC = 4/42 

rd/pC = 0.095. 
That is, the attenuation of sound due to a single layer of 
silk cloth at low particle velocities will be approximately 
one-tenth that of a layer of air 1 cm thick. 

Experiments have shown that the flow resistance of many 
acoustical materials is almost linear over the acoustical 
range of particle velocities.’ For a sound wave of 100 db 
intensity the sound peak pressure is 20 dynes/cm*. The 
ratio of the absolute magnitudes of the particle velocity and 
pressure in a spherical sound wave is given by* 

p/p = (1 + Rr”) * /pckr, 
where ,» is the particle velocity in centimeters per second, 
p is the pressure in dynes per square centimeter, k = 27/2, 
r is the distance from source in centimeters, c is the velocity 
sound in centimeters per second, and p is the density of air 
in grams per cubic centimeter. 

The peak particle velocity of a sound wave of 100 db 
intensity, at a frequency of 100 cps, one foot from its point 
of origin will be » = 0.975 cm/sec. 

When f = 15,000 cps: 
pS p/pC 
p = 0.477 cm/sec. 

It is evident then that for ordinary sound intensities the 

particle velocity is quite low over the entire audio spectrum. 


5 See reference 1, p. 486. 
6 See reference 1, p. 90. 
7R. L. Brown and R. H. Bolt, J. Acoust. Soc. Am. 13, 337 (1942). 
8 See reference 1, p. 14. 


ee 
| hag 
RI a ie 
Pb 2: 
Be 
_ 
van 
oF 
a 
ve 
ag 
Bay 
Bs 
an 
apr 
oy 
Ps. 
Be 
Bo ty 
eh 
ee 
) Pe 
a 
pie. 
Pe 
i a 
co. 
Fe 
' ae 
\ro- . ay 
ed Bi 
ia 
ed x 
Bg 
ms a 
nd a 
Bes 
— 
re- B" 
a a 
for a 
. Le 
ith ee 
: rf 
ion es 
" Pe a 
aa 
i - 
es 
s. 
the io 
in- a 
. 
P ee 
a % 
; * 
zs 
- 
oo 
a 
Y 
_| ri, 
‘ 
__| . 
' 7 
a 
a 
" 
a 
= >. EO 


50 JOHN C. BLEAZEY 


; aa 
> 

ft pope 
e << 

ta —< 


PP 
sities: 
(Satata 
- (Sata ts 
OE ts 


Fic. 1. Wind generator in stationary position. 


Wind disturbances differ from sound waves in that the 
particle velocity is essentially the same as the wind velocity. 
Therefore, for a 20-mph wind the particle velocity will be 
of the order of 895 cm/sec. 


The theory up to this point has been concerned with ir- 
rotational flow; however, at wind velocities the flow is no 
longer irrotational but turbulent, and the remarks that 
follow are concerned with turbulent flow. 


While experiments have shown that the dc flow resistance 
of many porous materials is essentially constant over parti- 
cle velocities typical of the ordinary sound wave, these same 
experiments indicate that the greater flow velocities where 
turbulence is approached, the flow resistance will increase 
with the particle velocity, and that for completely turbulent 
flow, theory predicts that the flow resistance should be pro- 
portional to the first power of the velocity. Experiments 
indicate* that the flow resistance of materials similar to silk 
whose ratio of resistance to inertance is high is increasing 
according to the turbulent flow theory above 10 cm/sec 
velocity; and, therefore, the attenuation due to a single 
layer of silk will be equal to the ratio of the particle veloci- 
ties. For a 20-mph wind the attenuation will be of the 
order of 

attenuation (db) = 20 log V;/V2 
= 20 log 895/10 
= 39 db. 
That this degree of attenuation cannot be achieved with a 
small wind screen is possibly due to the sound radiated by 
the wind screen itself, and hence increasing the radius of 
the wind screen will increase its effectiveness. 

There are many factors involved in a useful theoretical 

approach to the problem of microphone wind screens. These 


9 L. Prandtl and O. G. Tietjens, Fundamentals of Hydro and Aero- 
dynamics (McGraw-Hill Book Company, Inc., New York, 1934), 
first edition. 


are the size and shape of the screen, the flow resistance of 
the material covering the screen, the velocity and acoustic 
spectrum of the wind disturbances, the rigidity of the ma- 
terial covering the screen, and the type of framing used in 
the construction of the screen. 


EXPERIMENTAL PROCEDURE 


Several years ago, a design of a wind generator was pro- 
posed by Dr. H. F. Olson, director of the RCA Acoustical 
and Electromechanical Laboratory of the RCA Laboratories. 
This wind generator is shown on Figs. 1 and 2. The wind 
generator consists of a large paddle-wheel driven by an elec- 
tric motor. This design simulates the nature of an average 
wind to a good approximation. Discrete puffs of wind are 
generated, the frequency and velocity of which may be 
varied by varying the rotational rate of the paddle-wheel. 
The frequency may be varied by varying the number of 
paddles on the wheel. While the wind generated by this 
machine is by nature turbulent, the degree of turbulence 
may be varied by varying the pitch of the paddle blades. 

The wind generator enormously facilitates measurements 
of microphone wind noise under controlled conditions and 
allows repeatable measurements to be made. The wind 
generator is located in a large anechoic chamber, and the 
microphone under test is placed at a distance which may 
vary from 4 to 12 ft from the machine. The output of the 
microphone under test is fed to an automatic level recorder, 
and the response thus obtained is proportional to the sound 
generated by wind as a function of time. 


The measurements reported here were made using an 
RCA BK-1A dynamic pressure microphone. The conclu- 
sions drawn will not strictly apply to gradient-type micro- 
phones. The wind screens were made spherical in shape 
and consisted of a heavy wire framing over which a layer 
of silk (or the material under test) was tightly stretched. 


Fic. 2. Wind generator revolving. 
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EXPERIMENTAL DETERMINATION OF THE EFFECTIVENESS OF MICROPHONE WIND SCREENS 


Fic. 3. Typical wind screens used in measurements. 


Typical wind screens are shown in Fig. 3. 


Wind noise measurements were made inside using the 
wind generator described above, and outside under natural 
wind conditions. 


INDOOR MEASUREMENTS 


The technique used was to place the microphone under 
test at a distance of 4 ft from the wind generator without a 
wind screen. The response of the microphone was then re- 
corded for a time interval of 3 min. The microphone was 
then equipped with the wind screen under test and a second 
recording was made of the wind response of the microphone 
for the same time interval. Inside measurements were made 
using 2-, 4-, and 8-in.-diam spherical wind screens. Meas- 
urements on spherical wind screens larger than 8 in. could 
not be made with the wind generator since the noise on the 
inside of the wind screen due to the wind became of the 
same order of magnitude as the interfering noise created by 
the paddles moving through the air, motor noise, etc. 
Measurements on the larger wind screens were, therefore, 
made outside. 


OUTDOOR MEASUREMENTS 


Outdoor measurements required constant monitoring to 
exclude noise other than that produced by the wind. Data 
on the 2- and 4-in.-diam wind screens were obtained under 
moderate (5-20 mph wind velocity) wind conditions. The 
data on the larger wind screens were obtained under rather 
high-velocity (20-30 mph wind velocity) wind conditions. 

The technique used in the outdoor wind measurements 
was as follows: Two RCA BK-1A microphones with as 
nearly identical frequency response as could be obtained 
were placed side by side. The outputs of these microphones 
were fed to separate RCA OP-6 microphone amplifiers to 
which were connected Ballantine electronic voltmeters. The 
outputs of the microphone channels were then balanced on 
wind pulses until identical readings were obtained. One 
microphone was then used as a control microphone and the 
other fitted with the wind screen under test; the difference 
in the outputs of the microphones was then recorded on 
wind pulses, at approximately 30 sec intervals. Sixty read- 
ings were taken on each diameter wind screen and plotted 
as described in the following pages. 


51 
MICROPHONE WIND NOISE VS RADIUS OF WIND SCREEN 


Figure 4 is a plot of inside measurements on microphone 
wind-noise attenuation as a function of the radius of the 
wind screen. Since the attenuation is also a function of the 
wind velocity, the data cannot be represented as a single line 
but rather as an area which represents the response to wind. 
Thus, the curve A represents the attenuation on the maxi- 
mum wind pulses, and is based on the level which will be 
exceeded by one pulse in a 3-min interval. Curve B repre- 
sents the attenuation on the highest third of the wind pulses, 
and is based on the level below which 66% of the wind 
pulses will fall. An explanation of why curves A and B are 
not extended to points A’ and B’ follows: Curves A and B 
represent the microphone response to wind when fitted with 
a spherical wind screen. Points A’ and B’ represent the mi- 
crophone response to wind without a wind screen and are, 
therefore, reference levels for curves A and B. Since the 
radius of the front of the microphone is | in., it is impossible 
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Fic. 4. Wind attenuation vs radius of wind screen. Wind generator 
measurements. Curve A—attenuation of maximum wind pulses. 
Curve B—attenuation of highest third of wind pulses. Point A’— 
reference level of curve A (without wind screen). Point B’—refer- 
ence level of curve B (without wind screen). Spherical wind screen 
—covered with a single layer of silk cloth. Pressure microphone— 
RCA BKI1A. 
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to fit the microphone with a spherical wind screen of radius 
less than 1 in. and still cover all the active area of the dia- 
phragm. This physical limitation prevents measurements 
being made with wind screens of radius less than 1 in.; and 
therefore, there is no justification for extending curves A 
and B below this point. 

While the range between the curves A and B represents 
only one-third of the data observed, it represents that part 
of the data which are significant. These data represent an 
average wind (approximately 5 to 20 mph); and, while the 
general shape of the curve should be the same for a higher 
ratio of maximum to minimum wind condition, the numeri- 
cal values will vary. If all the wind gusts were identical in 
velocity and direction, the area between the curves should 
approach zero. For winds having higher ratio of maximum 
and minimum velocities, the area between the curves will 
increase. However, all outside measurements made indicate 
that the curves described above will have the same general 
shape. 

Figure 5 is a plot of the microphone wind response vs 
radius of wind screen based on outside wind measurements. 
Since points were recorded only on the wind pulses, there 
are insufficient data to plot the double curve as shown in 
Fig. 4. Figure 5, therefore, represents the average attenua- 
tion observed for the various size wind screens. 

Figure 6 is a plot of the attenuation of wind disturbances 
as a function of the volume enclosed by the wind screens. 
In calculating the enclosed volume, the volume of the micro- 
phone extending into the enclosure has been subtracted from 
the total. Of significance is the fact that the attenuation 
in decibels approximates a straight line when plotted against 
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Fic. 5. Wind attenuation vs radius of wind screen. Outdoor meas- 
urements. Average attenuation of wind pulses for wind velocities 5 
to 30 mph. Reference level—O db (microphone without wind screen). 
Spherical wind screen—covered with single layer of silk cloth. Pres- 
sure microphone—RCA BK1A. 
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Fic. 6. Wind attenuation vs volume of wind screen. Average at- 
tenuation of wind pulses, for wind velocities 5 to 30 mph. Reference 
level—O db (microphone without wind screen). Spherical wind 
screen covered with single layer of silk cloth. Pressure microphone 
—RCA BKIA. 


the log of the enclosed volume. The equation of this curve 


1s: 


db (attenuation) = 20 loge,/e —6.77log VV + 104 
= 20 log e,/e2 = 6.77 log V2 + 10.4 
= 20 log e,./e,; = 6.77 log V; + 10.4, 


where e¢, is the reference voltage (measured without wind 
screen), €; is the voltage output when microphone is en- 
closed by wind screen of volurne V;, and é» is the voltage 
output when microphone is enclosed by wind screen of vol- 
ume Vo. 


20 log e;/e2 = 6.77 log V2/V, 
== Guae y 4 3 log re Lal 
= 20.31 log re/r; 
= 20 log re/r;, 


where r; is the radius of wind screen of volume V, and re 
is the radius of wind screen of volume Vo. 


+4 €;/e2 = Pro/r}. 


That is, the ratio of the voltage generated by a microphone, 
in response to wind, enclosed by spherical wind screen varies 
inversely as the ratio of the radius of the wind screen. 


Figure 7 shows the effect of the wind screen upon the fre- 
quency response of the BK-1A pressure microphone. The 
unscreened response is taken as reference and is indicated 
as a horizontal straight line. The variation of frequency 
response resulting from the wind screens is plotted on four 
separate curves. 


MICROPHONE WIND NOISE VS SCREENING MATERIALS 


The function of the acoustic material covering the wind 
screen is to produce a great attenuation of wind disturbances 
while only slightly attenuating the sound waves which ar- 
rive at the screen. 
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FREQUENCY IN CYCLES PER SECOND 


¥%6, 7. Variation of frequency response with radius of sphere. 
Microphone RCA BK1A indicated as straight solid line. Spherical 
wind screen—covered with single layer of silk cloth. 


Figure 8 is a plot of the attenuation of wind noise on a 
l-in. radius wind screen, consisting of 1 to 5 layers of fine- 
mesh silk cloth. The attenuation is plotted in the same 
figure when the silk is replaced by monk’s cloth and by a 
60-mesh/in. cotton fabric. 

Curve A represents the attenuation on the maximum wind 
pulses as a function of the number of layers of silk used. 
Curve B represents the attenuation on the highest third of 
the wind pulses as a function of the number of layers of 
silk used. Point C represents the attenuation on the maxi- 
mum wind pulses when the wind screen is covered with a 
single layer of (60 mesh/in.) cotton fabric. Point D repre- 
sents the attenuation on the highest third of the wind pulses 
when the screen is covered with cotton fabric. When the 
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NUMBER OF LAYERS OF SILK CLOTH 

Fic. 8. Wind attenuation vs material covering screen. Inside meas- 
urement. Curve A—attenuation of maximum wind pulses. Curve B 
—attenuation of highest third of wind pulses. Point C—attenuation 
of maximum wind pulses, single layer of cotton fabric covering screen. 
Point D—attenuation of highest third of wind pulses, single layer of 
cotton fabric covering screen. Point E—attenuation of maximum 
wind pulses, single layer of monk’s cloth covering screen. Point A’— 
reference level of maximum wind pulses (without wind screen). 
Point B’—reference level of highest third of wind pulses (without 
wind screen). Sphérical wind screen—1 inch radius. Pressure micro- 
phone—RCA BK1A. 
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wind screen is covered with monk’s cloth, the maximum and 
highest third of the wind pulses are at approximately the 
same level (all the peaks are of approximately the same 
height) and this level is indicated by point E. As in Fig. 4, 
points A’ and B’ represent the microphone response to wind 
without a wind screen, and in Fig. 8 are, therefore, the 
reference levels for curves A and B and points C, D, and E. 

It is of interest to note that with respect to wind noise, 
only a slight increase in attenuation is made by using mul- 
tiple layers of silk. The turbulence produced at the surface 
of a single layer of silk is almost as great as that produced 
by multiple layers of silk; it would, therefore, appear that 
the noise produced by turbulence is greater than the wind 
leakage through the silk. Also, the attenuation resulting 
from a single layer of silk is of the same order of magnitude 
as the other two materials used. 
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FREQUENCY IN CYCLES PER SECOND 


Fic. 9. Variation of frequency response with material covering wind 
screen. Frequency response of microphone, RCA BK1A, indicated as 
straight solid line. Spherical wind screen—1 in. radius. 


Figure 9 is the relative frequency response of the micro- 
phone when used without and with the various screening 
materials. The frequency response of the microphone is 
again represented as a straight line. Of note on these curves 
is the degree of high-frequency attenuation resulting from 
the multiple layers of silk, monk’s cloth, and cotton cloth. 
These curves indicate that a single layer of silk cloth 
changes the high-frequency response of the microphone 
slightly less than the other fabrics tested. 


CONCLUSIONS 


It has been the purpose of this work to determine some 
of the factors which influence the effectiveness of micro- 
phone wind screens. The results here obtained are limited 
to a spherical-type wind screen using a pressure microphone 
and operating in a wind of moderate intensity. Since many 
variables are involved over which there is no control (that 
is, wind velocity, frequency, and direction) the results pre- 
sented do not purport to cover all wind conditions. How- 
ever, from the data collected here, it has been established 
that for moderate wind conditions the effectiveness of a 
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spherical wind screen is a function of its radius or volume. 
An empirical expression for this relation has been deter- 
mined—attenuation = 6.77 logio V + 10.4, where attenua- 
tion is in decibels and volume of the sphere is in cubic 
inches. This equation may be expressed in terms of the 
voltage generated in a microphone in response to wind as 
a function of the radius of the wind screen. 


€;/€2 = fo/f}. 


A fine mesh silk has been found to be an effective covering 
for microphone wind screens, and the effectiveness of the 
screen has been found to be only slightly associated with the 
number of layers used. Other materials have been tested 
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and found to be equally effective in attenuating wind pulses, 
but less desirable in that they introduce attenuation in the 
transmission of high-frequency sound. 
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Loudspeaker Testing in Rooms” 


Wituram B. SNow 
Ramo-W ooldridge, Canoga Park, California 


Laboratory response measurements are complex, but tests of loudspeakers in rooms where they 
are most often used are fraught with even greater difficulties of both a practical and philosophical 
nature. The laboratory response usually shows sound pressure level of direct sound on the main 
axis. The response measured in a room is greatly affected by the acoustical characteristics of the 
room and by the radiation pattern of the loudspeaker. The directional effects of stereophonic 
reproduction depend upon the direct sound, while the loudness is greatly influenced by the rever- 
berant sound. Which controls the subjective impression of fidelity of reproduction? What should 


be measured, and how should the tests be made? 


INTRODUCTION 


OUDSPEAKER testing under ideal conditions is difficult 
enough even if there were general agreement on what 
constitutes ideal conditions. When tests are made in rooms, 
which are the most common locations for loudspeakers, test 
conditions become even worse and more ambiguous. The 
well-known increase in bass response when the loudspeaker 
is placed in a corner represents one example. The author 
wishes to point out other effects which are less familiar and 
to discuss their implications. In fact, this paper asks more 
questions than it answers. 

The struggle to measure loudspeakers accurately is not 
new. The author’s introduction to it came in 1926 when 
he witnessed the equipment set up by Bostwick! at Bell 
Telephone Laboratories. The loudspeaker to be tested was 
installed in a room heavily draped with felt, and the sound 
output was measured by a condenser microphone which was 
rotated in a plane making an angle of about 45° with the 
loudspeaker axis. The microphone mounting was such that 
it was maintained in a forward-looking direction throughout 


* Presented at the March, 1960 Western Convention of the Audio 
Engineering Society, Los Angeles, California. 
1L. G. Bostwick, Bell Lab. Rec. 7, 347-51 (May, 1929). 


its rotation around a circle of about 5 ft diam. No auto- 
matic recording was available, and the output was read 
point by point, on a meter. Later, the high-speed level 
recorder was developed and tests were made in a manner 
essentially the same as that which will be discussed later 
in this paper. 

An interesting method suggested by E. C. Wente was used 
at the Philadelphia Academy of Music in 1939. This tech- 
nique essentially yielded a free-field calibration of the loud- 
speaker, although it was made in a reverberant room. 
Pulses of pure tone were impressed upon the loudspeaker 
and the output was picked up by a microphone and re- 
corded upon film. When the developed film was examined 
under a microscope, at the beginning of each pulse there 
would be a short stretch of record with uniform amplitude 
representing the direct sound response before any reflections 
arrived. This method is applicable only in a large room 
and at frequencies where a significant number of cycles can 
be examined before reflections arrive; in the case cited 
above, 250 cps. Pulse-type methods are used extensively 
with modern instrumentation in testing underwater sound 
transducers but apparently have had little use in testing 
loudspeakers. 
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Fic. 1. Characteristics measured in open air with loudspeaker lying 
face-up on grass and microphone suspended above it. For the 30 
and 60° curves loudspeaker was rotated. Upper curves—8 in. cone 
in closed cabinet. Lower curve—same cone with small horn-type 
tweeter set on its face at center. Different response scale. 


During the past year, a multiple-microphone technique 
has been described by Carlisle and Schwartz.* A very im- 
portant part of their technique is the use of rectification of 
the output of each microphone before summing. If this is 
not done, the final output is merely a resultant interference 
pattern and not a good average of the response. 


MEASURED LOUDSPEAKER RESPONSE CURVES 


To illustrate, the author ran a series of response curves 
on an 8-in. cone loudspeaker mounted in a closed cabinet, 
maintaining geometry and instrumentation consistent so 
that all curves are comparable. The equipment included a 
Bruel and Kjaer heterodyne oscillator and automatic level 
recorder. An Altec 21-type microphone was used to reduce 
directional effects to a minimum. The curves to be shown 
are uncorrected level recorder traces, since only comparative 
values are needed. However, the test equipment charac- 
teristic was nearly flat so that the curves come close to 
giving a true response. In addition to the data which were 
measured for this paper, one illustration showing data taken 
in large rooms is also included. 


“IDEAL” TESTS 


Response curves are usually considered ideal when they 
are measured on the principal axis in a free field. Such 
tests can be made in an anechoic chamber or out-of-doors 
if such a room is not available. The free-field response 
runs were made out-of-doors using as high a sound level as 
the neighbors would accept. The loudspeaker rested on its 
back on the grass while the microphone was suspended 
above it, 15 ft from a corner of the house and 10 ft from 


2R. W. Carlisle and A. Schwartz, J. Acoust. Soc. Am. 31, 1348 
(1959). 


the nearest shrub. Figure 1 shows the results of tests using 
a pure-tone signal and a microphone distance of 2 and 6 ft 
on axis. At the greater distance, response curves are shown 
for 30 and 60° off axis as well. It can be seen that con- 
ditions were fairly good, because the two curves are essen- 
tially the same. However, some interference from reflec- 
tions is visible at the frequencies below 1000 cps. It will 
be observed that the difference in sound pressure level was 
approximately 10 db, as it should be for this change in 
distance. This loudspeaker is only moderately directional. 
At the bottom of Fig. 1 is shown the response curve after 
a small tweeter and dividing network were added. In the 
region around 1000 cps this curve exhibits some irregulari- 
ties caused by airplane noise, but it demonstrates that the 
over-all frequency characteristic was fairly uniform. 


INDOOR TESTS 


Following the outdoor measurements, the equipment was 
moved into the living room which has dimensions 21 15 
8 ft. It is a rectangular room with hard plaster walls, 
the usual complement of furniture and rugs, and a rever- 
beration time of about 0.5 sec. The loudspeaker was 
mounted with its closed back 1.5 in. from and about % of 
the way along one side wall. 

Figure 2 shows a series of pure-tone response curves 
measured on the loudspeaker axis at distances of 8 in. and 
2, 6, and 10 ft. In addition, runs were made at the 10-ft 
distance for 30 and 60° off-axis. It will be seen that the 
8-in. curve is more irregular than the 2-ft out-of-doors’ 
curve. At low frequencies the magnitude of irregularities 
in response at distances 2 ft and greater are approximately 
the same, whereas there is a progressive increase in irregu- 
larity at the highest frequencies over this range. This comes 
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Fic. 2. Characteristics of 8-in. cone measured in room 21 X 15 X 8 


ft; reverberation time approximately 0.5 sec. Same response scale 
throughout. Slow stylus speed, fast frequency scan, pure-tone signal. 
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Fic. 3. Physical conditions same as for third curve of Fig. 2, which 
is repeated here as second from the top. Upper curves—fast fre- 
quency scan, slow stylus speed on warble tone, slow and fast stylus 
speed on pure tone. Lower curve—slow frequency scan, fast stylus 
speed, pure-tone and warble signals. 


about because of the directivity of the loudspeaker, which 
will be discussed in more detail later. It is important to 
note that the level does not decrease appreciably as distance 
increases when the measurements are made in the room, and 
the reason for this is that most of the microphone output 
is from the reflected sound or reverberant field, which, 
theoretically, would be the same at all remote points in the 
room with a nondirectional radiator. At high frequencies 
the 30 and 60° curves exhibit somewhat lower response than 
the axis curve at the same distance. Thus, directivity is 
shown to have some effect and a fully random sound field 
is not realized at high frequencies. 


Variations as great as 30 db occur at low frequencies. 
These are different in detail on the separate curves, indi- 
cating that auditors will have varying bass response in dif- 
ferent positions of the room. This well-known effect is also 
true when musical instruments are played in the room. 

Why are the variations smaller at high frequencies than 
at low? This is partly due to greater room absorption in 
this region, but a more important effect is illustrated by 
Fig. 3. For the calibrations shown previously, the slowest 
available stylus speed was employed; namely, 50 db/sec. 
In addition, a fairly fast scan speed was used, since the 
range from 80 to 10,000 cps was covered in 1.7 min. In 
the top section of Fig. 3 the middle curve is repeated from 
Fig. 2 for comparison. Immediately below it is the re- 
sponse for the same condition except that the stylus speed 
was increased to 200 db/sec. It will be noted that the high- 
frequency irregularities have been considerably increased. 
In the bottom section of Fig. 3, the calibration is repeated 
with 200 db/sec stylus speed, but, in addition, the scanning 
speed has been reduced so that it required 5 min to cover 
the range from 80 to 10,000 cps. Here the irregularities in 
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the curve are essentially the same over the whole frequency 
range. In other words, the slow-scan speed allows the room 
resonances to build up to essentially their full value, and 
the stylus speed is fast enough to follow these variations. 

In the opposite direction, the top curve of the upper group 
and the bottom curve of the lower group were made using 
a +5% warble on the oscillator tone, the warble rate being 
8/sec. This represents a frequency band of about \% octave 
and it is obvious that the curves made with the warble tone 
are much smoother than the pure tone curves. It seems 
likely that this effect has much to do with the popularity 
of vibrato in singing and playing instruments. 

The important thing about the series of curves in Fig. 2 
and Fig. 3 is that each of those made on the axis at 6 ft is 
a valid calibration of the loudspeaker in the room, no geo- 
metrical changes having been made between curves. Only 
electrical adjustments on the test apparatus were altered. 
Which curve is the most useful? We do not know, and 
the subject needs much more study. However, this type of 
thing is characteristic of indoor listening. It is certain that 
the 5 min-200 db calibration is the least representative, be- 
cause this essentially steady pure tone is the most unusual 
signal for a loudspeaker that we can imagine in connection 
with its use in entertainment. 


TEST SIGNALS 


Before speculating further along this line. let us consider 
a different type of test signal—the popular thermal noise. 
For the curves about to be presented, the loudspeaker was 
driven from a wide band thermal noise source which has 
approximately equal energy per octave at low frequencies 
and equal energy per cycle at high frequencies. The output 
was measured with a narrow band crystal filter whose tun- 
ing control was mechanically interconnected with the level 
recorder paper drive. Since this filter has a linear frequency 
scale, the scan speed was increased at 500 cps, and the 
curve is shown only to 3500 cps, which is sufficient to dem- 
onstrate the points desired. The output was also measured 
with a set of octave and half-octave filters. giving constant 
percentage bandwidth, but relatively wide bands. 

The information is presented in Fig. 4+. Note that the 
characteristic with the 50 db/sec stylus speed and 200-cps 
bandwidth is relatively smooth. The bandwidth is too 
great to show low-frequency detail, but the high-frequency 
characteristic is properly indicated. When the bandwidth 
is reduced to 25 cps the irregularities are increased, but the 
low-frequency variations are correctly shown. The curve, 
however, becomes harder to interpret above 1000 cps. Em- 
ployment of the narrow band with the maximum (for ink- 
writing) stylus speed of 200 db/sec, resulted in variations 
so great as to nearly obscure the loudspeaker characteristic. 
Even so, comparison between this curve and the top one 
shows that the broad response features are maintained. 


In the plots at the bottom of Fig. 4. time rather than 
frequency is the abscissa. Octave and half-octave bands are 
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Fic. 4. Physical conditions same as for Fig. 3, but thermal noise 
used as signal source. Upper curves—medium and narrow filter bands, 
slow and fast stylus speeds. Lower curves—wide bands. Abscissa is 
time, not frequency 


too wide to show detailed characteristics, but are very useful 
in indicating the over-all trend of the calibration. In fact, 
measurements with % or 4% octave filters and a noise signal 
are excellent in determining the characteristic of a loud- 
speaker for equalization purposes. 

How do these three types of test signal differ? Figure 5 
shows how they appear on the level recorder trace. At the 
top left-hand side are shown the pure-tone characteristics 
with the two stylus speeds, while the corresponding warble 
tone traces are shown at the right. It is obvious that these 
two signals give steady deflections. This would be expected 
for the pure tone, and the warble tone is merely a group of 
closely spaced single-frequency components which give a 
steady output when there is no frequency discrimination. 
The lower portion of Fig. 5 illustrates a number of thermal 
noise traces. Records at the left were made with the thermal 
noise generator connected directly to the level recorder, 
while the traces at the right illustrate conditions when the 
noise was reproduced by the loudspeaker and was picked 
up in the room at the 6-ft distance. Data are shown in 
both cases for the 200- and 25-cps band, each tuned to 150 
and 3000 cps center frequency. As expected, the 25-cps 
band curve shows more variation than the wide band curve, 
but it is, perhaps. somewhat surprising to find that the 
curves resulting from transmission through the room show 
considerably greater variations in all cases. This is be- 
cause the noise output at any instant varies in frequency, 
and what the microphone picks up is affected by the stand- 
ing wave pattern in the room. Thus, even though the filter 
tuning was not being changed, the actual output varied 
from instant to instant. Thermal noise is steady, on the 
average, but not during any small interval of time. 

In the author’s opinion, both warble tones and noise rep- 
resent good testing signals which simulate certain features 
of speech and music. On the whole, the warble tone ap- 
pears more characteristic at low frequencies and noise a 


better simulation at high frequencies. In the lower fre- 
quency range, both speech and music tend to be formed by 
groups of definite components. Speech in the higher fre- 
quencies consists primarily of random noise modulated in 
various ways, while in music the components become so 
closely spaced and so interwoven with complicated passages 
that the signal also approaches a random noise. Filter 
bandwidth in noise testing, or warble frequency range, 
should approximate a constant percentage relation to the 
main frequency. The smoothed curve is more useful than 
the rough one in showing the loudspeaker characteristics 
that can be effectively controlled in a room. Measurements 
for critical design studies should be made in a free field so 
that the direct-sound performance of the loudspeaker is not 
obscured by room effects. 


LOUDSPEAKER PHASING 


A subject which has received a great deal of attention, 
but very little scientific exploration, is that of phasing when 
multiple-unit loudspeakers are employed. Figure 6 illus- 
trates a simple set of measurements on this subject. A re- 
sponse characteristic was given in Fig. 1 for the loudspeaker 
with tweeter added, measured out-of-doors. At the left, in 
Fig. 6, a series of curves above 1000 cps illustrate effects on 
the characteristic of the phase between the two units. On 
the axis, the curve passes through the region below 3000 
cps with small irregularities. However, when the measure- 
ment is made at various angles off axis, the irregularities 
become as great as 10 db. In other words, a loudspeaker 
may be phased perfectly for one listening location, but the 
direct sound characteristic will not be perfectly phased for 
other observing points. The two lower curves illustrate the 
effect when the tweeter was moved 3 and 5 in. along the 
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Fic. 5. Characteristics of signals employed. Upper curves—pure 
and warble tones vs frequency. Lower curves—thermal noise vs time 
in specific frequency bands. Curves at left with generator connected 
electrically to level recorder. Curves at right with generator driving 
loudspeaker and microphone picking up signal in room, but variable 
filter held stationary at two constant tuning points. 
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Fic. 6. Effect of loudspeaker phasing. Left curves, pure tone out- 
of-doors at 6 ft—above, 8 in. cone with tweeter on face, measured 
at several angles. Below, tweeter raised 3 and 5 in. above face. 
Right curves—same physical conditions as left curves except meas- 
ured in room at 10 ft. 


axis from its original position, the microphone having been 
returned to the axial direction. 

Following these outdoor tests, the loudspeaker was moved 
to the living room and the measurements were repeated at 
the 10-ft distance. It will be seen that the irregularities 
due to phasing, observed during free-field tests, have dis- 
appeared. This is because the measurement in the room 
is primarily one of the reverberant sound field which repre- 
sents the total sound output of the loudspeaker combina- 
tion. The irregularities in the outdoor tests were caused by 
the destructive interference between the sound-pressure out- 
puts of the two units but did not represent a real change 
in total acoustic output of either. Since both the micro- 
phone and the human ear are pressure-operated detectors, 
they are responsive to these pressure interferences. Indeed, 
although these effects do not show appreciably in the rever- 
berant field measurement, audible effects are produced when 
phasing changes are made in a room by moving the tweeter 
forward or back. 

It is interesting to speculate about the meaning of these 
two sets of curves. Both are true representations of the 
loudspeaker characteristic for certain attributes of indoor 
listening. The curves at the right, measuring the reverber- 
ant field, represent the conditions established by sounds 
sustained for more than a small fraction of the room’s re- 
verberation time. These are especially important for deter- 
mining loudness. Those at the left illustrate conditions for 
the direct sound field and truly represent the initial sound 
pulses which arrive at the ears before any reflections, con- 
trolling- sound localization, and stereophonic appreciation. 
They also represent, presumably, the characteristic for the 
changes which are constantly occurring in music and speech. 
How does the ear appreciate this division of function? How 
audible are these “phasing bumps” under various reverber- 
ant conditions? In small rooms the reverberant field builds 
up very rapidly; whereas, in large rooms this increase takes 


place more slowly and, presumably, the appreciation of 
direct-sound effects will be greater. This may mean that 
phasing is much more important in large dead rooms with 
highly directive loudspeakers than in small live rooms. We 
simply do not know the answers to these questions, and 
there is a great opportunity for research in this field. 


TEST MICROPHONE DIRECTIVITY 


Figure 7 illustrates an effect which is, perhaps, more of 
an annoyance than a serious fault, but it does lower the 
accuracy of measurement at high frequencies. In this case, 
the dotted curves were traced from the original level re- 
corder strips to aid the comparison. A 2-in. baffle was 
added to the Altec microphone to give it a significant direc- 
tional characteristic in the measuring frequency range. The 
result is illustrated by the two curves at the top of the Fig. 
7 where the difference between 0 and 90° incidence is nearly 
as great in indoor as in out-of-door curves. At 10 ft the dif- 
ference is less, and at 10 ft 60° it has largely disappeared. 

If an indoor measurement is being made, the microphone 
can be rotated, and a difference may be observed. The in- 
ference, then, is that the 0° curve is too high, but does the 
90° curve represent the true reverberant sound or a combi- 
nation of reverberant and direct? If you wish to specify 
a loudspeaker response, which do you use? There really is 
no way to answer this question specifically, unless free field 
as well as “in-room” tests are made, since in most cases the 
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Fic. 7. Effect of microphone directivity. 0° means sound incidence 
perpendicular to diaphragm; 90° means sound incidence parallel to 
diaphragm. Upper curve—outdoor measurement with 2 in. baffle 
added to Altec 21-type microphone. Lower curves—measurements in 
room with same baffle on microphone. 
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TESTS IN LARGE ROOMS 
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Fic. 8. Effect of loudspeaker directivity. When directivity in- 


creases with frequency, free-field tests show smooth sound pressure 
on the axis, but the reverberant field response drops according to 
total sound output. 


90° incidence and the random incidence curves are very 
similar for measurement microphones. It is probably best 
to make the tests using 90° sound incidence. Then the 
resulting curve will be close to correct in any case, but the 
relative mixture of direct and reverberant sound will not be 
indicated. If a small microphone is used, the differences 
due to microphone incidence will be minimized. On the 
other hand, when a large microphone is used and rotated, 
some information regarding loudspeaker directivity is ob- 
tained. 


LOUDSPEAKER DIRECTIVITY 


Measurement of the loudspeaker under free-field condi- 
tions gives the direct sound characteristic, and this is usually 
adjusted to be as smooth as possible on the axis. We have 
seen that phasing may cause large deviations from uniform- 
ity at angles other than on the axis. Directivity of the 
loudspeaker can also cause large differences between the 
outdoor axial characteristic and the final reverberant sound 
field response in a room. This is illustrated in Fig. 8, which 
shows characteristics made in large rooms. It should be 
noted that the scale has been altered for this figure and is 
the usual one employed on standard frequency-response 
paper. The two characteristics at the top were taken on an 
8-in. cone loudspeaker similar to the one employed for the 
tests described previously, but situated in a large recording 
studio having a volume of about 100,000 cu ft, a rever- 
beration time of one second, and excellent sound diffusion. 
When measured at 2 ft on the axis, the response at high 
frequency was only a few decibels below that in the lower 
range. When the measuring microphone was moved to a 
distance of 20 ft, still on the axis, the relative high-frequency 
response dropped about 15 db at 8000 cps. The loud- 
speaker becomes progressively more directive as the fre- 


quency increases, and this effect maintains the sound pres- 
sure in the beam on the axis at relatively constant level. 
When, however, the measurement is made in the reverber- 
ant field which reflects the total sound output, it is seen 
that the fundamental efficiency of the unit drops about 10 
db/octave above 2000 cps. ° 


The lower curves in Fig. 8 illustrate measurements made 
on a high-grade sound picture loudspeaker in a typical 
motion picture theater and in an open field. The two 
curves do not represent measurements on the identical units, 
but they were made on the same type of loudspeaker, which 
consisted of a large two-unit woofer and a multicell high- 
frequency horn with large driver. It will be seen that the 
free-field curve on the axis is quite smooth. Nevertheless, 
when the measurements were made in the theater at a cen- 
ter seat (dashed curve), the maximum output occurs at 
about 100 cps, and decreases from there to 500 cps. This 
is the result of a drop in efficiency of the woofer units so 
that their total sound output is decreasing above 100 cps. 
In the free-field measurements the increasing directivity of 
the low-frequency horn balanced this effect on the axis. 
The sound output increases again above 500 cps where the 
high-frequency horn becomes effective, and the curve sub- 
stantially parallels the free-field response over a fairly wide 
frequency range where the multicell horn gives uniform di- 
rectional radiation. Finally, the dotted curve illustrates 
conditions at the extreme side of the theater. Here the 
directivity of the low-frequency horn, combined probably 
with an interfering reflection from the side wall, gives quite 
a peaked characteristic to the low frequencies. However, 
when the high-frequency horn picks up the load, with its 
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wide angle of distribution, the characteristic is essentially 
the same as at the center. 


CONCLUSION 


Loudspeaker testing in rooms can be done and should be 
done. So should testing in anechoic chambers or under 
other free-field conditions. The latter gives engineering 
data we know how to use in improving loudspeaker design. 
The tests in rooms are still clouded by lack of knowledge 
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about human perceptions under these conditions and lack 
of agreement upon techniques; yet, this is where loud- 
speakers are principally used. Consequently, there is no 
dearth of research problems to be worked on, and they are 
difficult problems, since the easy ones have been solved. 
They are interesting, however, and it is to be hoped that 
they will be undertaken so that agreement can be reached 
on the best techniques for indoor tests and upon the meaning 
of the results. 
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Practical Aspects of High-Fidelity Disk Recording. Part 2° 


Cartos E. R. A. Moura 
Gravodisc Ltda., Sao Paulo, Brazil 


ACTUAL NOISE MEASUREMENTS 


| ioneaerp aged conclusions can be deduced by the moni- 
toring of the grooves while recording. The very first is 
tracing aurally the temperature vs noise chart. Normally 
hot stylus systems provide means of adjusting the tempera- 
ture of the stylus tip, and this temperature is shown in 
indirect readings of amperes or volts. The effect of heating 
the stylus will be shown in several phases: the first, cold 
cutting will be characterized by a continuous loud hiss, next 
the transition zone where the heating begins to actuate, 
after that the optimum zone where the noise will be reduced 
to a minimum, and finally, the zone of groove burning where 
the noise will be high again but in a different character. 


Each small detail, such as the blank, the type of stylus, 
the suction, and the ambient temperature will alter the op- 
timum point of the least noise, and it is because of these 
variable factors that no attempt is made here to provide a 
graph of temperature vs noise. 


Mechanical noises will also be evident, and this simul- 
taneous playback will allow detection of their causes and 
help to eliminate them. Sometimes mechanical noise is 
generated by resonances in springs, defective pivots, loose 
parts, small eccentricities of shafts, dust in ball bearings, 
and many other factors. 


The noise generated by the reproducing stylus due to 
worn state, resonances of the tone arm, bad positioning, 
tracking error, and other common faults of reproduction 
that should be eliminated or attenuated before cutting noise 
can be analyzed. 


* Part 1 of this paper appeared in the preceding issue [J. Audio 
Eng. Soc. 8, 226 (1960) }. 


NOISE AND FREQUENCY RESPONSE 


For many years it was a common belief that noise and 
wide frequency response were mortal enemies, that if one 
was required the other would be sacrificed. This way of 
thinking was true with cold cutting, but the advent of the 
hot stylus provided elements to prove that very wide fre- 
quency response could be obtained at very low noise. It 
was customary to control noise by increasing the size of the 
burnishing facet in order to provide a better polishing of 
the groove at the expense of the higher frequencies. 

In those days, a stylus suitable for a 78-rpm normal 
groove at reasonable noise levels gave very poor results 
when used to cut 33.3-rpm normal groove transcriptions. 
Logical reasoning indicated that the reduction of speed 
should also reduce noise, but in practice this was not true. 


Larger lacquer blanks to raise the cutting velocities and 
styli with larger facets or changes in the angle of cut were 
required to lower the noise in these transcriptions. 

When hot stylus removed the problem of noise, several 
experimenters began to reduce the size of the burnishing 
facet (BF) to allow better high-frequency registration and 
found that the burnishing facet, instead of reducing noise, 
actually increased it in some cases. 

A stylus of 0.0003 in. BF gave in cold cutting a noise 
figure of 30 db below maximum signal, frequency limit to 
7 or 8 kc; with hot stylus the same specimen provided 10 
db less noise, but frequency response remained approxi- 
mately the same. 

Another stylus of 0.0002 in. provided top response of 
10-11 ke and noise figure -44 db, a noted improvement at 
78 rpm, but at 334% rpm the noise figure was only —34 db. 

Another reduction of the BF to 0.00015 in. gave a top 
response of 15 kc, a noise figure of also —44 db, but at 334% 
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rpm the top response of 10 kc and a noise figure of —41 db 
were reached. A sort of equilibrium was reached with 
almost the same noise figure for the two modalities of cut- 
ting velocity. 

Further reductions in the burnishing facet showed an in- 
crease of noise at 78 rpm, but at 33 rpm the noise was re- 
duced instead of increased. 

The conclusion reached in these experiments is the fol- 
lowing: With a hot cutting system, the burnishing facet is 
in straight correlation with the velocity of cut; and as the 
velocity decreases, the size of the burnishing facet must also 
decrease the better frequency response and absence of noise. 

Looking at this affirmation from the point of dissipation 
of heat in the groove, we see that for equal dissipation of 
the heat the higher velocities should have higher areas of 
dissipation. This fact can be easily confirmed by the fol- 
lowing experience that is the opposite of the ones previously 
indicated. A microgroove stylus with a BF of 0.000012 in. 
can produce —68 db of noise figure cutting at the speed of 
33 rpm, but in 78-rpm microgroove the noise figure will be 
only —23 db. 

Further experiments using higher temperatures provided 
some confirmation of the area of dissipation, but only in 
short periods of time because of the great difficulty in heat- 
ing a stylus with the temperatures above a certain limit. 

Exact boundaries of the best compromise size of the 
burnishing facet in accordance with the velocity of cut were 
not determined, but a rough guide is given below: 

For 78 rpm normal and microgroove BF from 0.0003 to 
0.00012 in. 

For 45 rpm microgroove BF from 0.00015 to 0.00008 in. 

For 33 rpm microgroove BF from 0.0001 to 0.00001 in. 

For 16 rpm submicrogroove BF from 0.00004 in. to... 


FREQUENCY RESPONSE, ACCEPTANCE, AND 
RADIUS EFFECT 


This section deals with actual frequency response meas- 
ments, and the methods for controlling wide band registra- 
tion. The equipment utilized in the measurements was a 
Grampian B1/AGU cutterhead connected to a 140-w am- 
plifier with 34 db of internal feedback. Motional feedback 
was not used. The RIAA pre-emphasis characteristic was 
obtained within 0.25 db by means of a resonating network, 
peaking at 18 kc. The compensation for the turnover shift 
was made by a passive network inserted before the amplifier. 
The cutterhead was damped with Dow Corning silicone of 
200 centistokes. 


Initially, a normal type of LP recording stylus was used 
with a resistance angle, 50°; burnishing facet, 0.0001 in.; 
and total length of 15.35 mm. 

Two types of tests were made with this stylus, the first 
was a frequency_run from 15 to 1 kc, beginning with the 
highest frequency at the outer diameter, covering the region 
from 12 to 10 in., and the second was the recording of a 10- 
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kc constant tone over the whole surface of the blank for the 
measurement of the radius effect. 

The results, shown in detail in Fig. 1, proved that this 
type of stylus loses amplitude as frequency increases, and 
regarding radius effect, great losses were verified at even 
8 in. of diameter. 

For obtaining moderate results with this type of styli, 
additional boosting of the high frequencies is necessary, and 
heavy diameter compensation is also required. Very high 
distortion of the higher frequencies increases the percentage 
of intermodulation distortion, and a perceptible decrease in 
level will result from this practice. Noise figures were —54 
db in this case. Measurements were done by playback, and 
in order to avoid reaching the critical amplitude where the 
reproducing tip would be smaller than the groove undula- 
tion, a low set level of 1.5 cm at 1 ke was utilized in all 
the tests referred to in this section. 

Next in this series of tests, a stylus with the following 
characteristics was used: resistance angle, 40°; burnishing 
facet, 0.00005 in.; and total length, 15.35 mm. 

Somewhat better results were obtained, especially in the 
region up to 10 kc, and the radius effect was less pro- 
nounced, but also high compensation was required, so the 
improvement over the previous type was slight. Noise was 
minus 58 db. Figure 2 shows the curves for this type. 

Next, a stylus with resistance angle, 30°; burnishing 
facet, 0.000035 in.; and total length, 15.35 mm was used. 
Figure 3 shows the curves. 

It is important to state that all the adjustments indicated 
in Part 1 of this paper were performed in order to avoid 
any detrimental effect that might mask the results here 
measured. 

The results showed a tremendous improvement in quality; 
not only less energy was required for the high frequencies 
but also the radius effect was confined only to 7 in. and 
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smaller diameters (in many transcriptions this region is 
avoided) and listening tests of recorded music with this 
stylus showed a drastic reduction in the perceptible distor- 
tion. Compensation was now required to only a very light 
extent, so the general level of the transcriptions could be 
raised at least by 2 db without any significant harm; noise 
figures showed a reduction to —61 db. 


The manufacturing of this type of styli with 30° of re- 
sistance angle was not an easy job. From a series of 50 in 
the initial faceting operations, only 12 reached the final 
stage—a figure of rejection of 76%. But even this high 
percentage of rejection was no obstacle for further attempts 
in the reduction of the resistance angle. The rejection fig- 
ure was 94% for styli with 25° of resistance angle and 
burnishing facet of 0.00002 in. 
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The fragility of these styli was so great that very special 
care was required in winding the resistance and placing the 
stylus in the cutterhead. Unless the stylus is lowered to 
blank with a very rapid movement the tip will not resist the 
initial shock. 

After examining the first test of this type, we decided to 
also use a comparative processed record of the same acetate 
and to use in addition the optical measurements. The 
purpose of these comparisons was to determine the playback 
loss due to the flexibility of the lacquer. Figure 4 shows 
these measurements. 


For the first time in the hundreds of measurements made 
by the author, the results showed positive figures in the 
high-frequency region indicating that no further extra com- 
pensation was required. On the contrary the normal pre- 
emphasis characteristic could be reduced with the same re- 
sults thus allowing the final level to be adjusted at will and 
also permitting the transients that normally should be re- 
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duced to be recorded in full expression radius effect. Con- 
sequently, a very great improvement was shown. 

A further improvement in radius effect could be obtained 
by using a reproducing tip of smaller diameter, this being 
the remaining effect due to the unavoidable surpassing of 
the critical velocities in the smallest diameters. 

The comparison of measurements showed a considerable 
difference from the playback response of acetates to pressed 
vinyl records of 20 kc. Stiffness of vinyl is the cause of 
this difference. The response of the vinyl record is almost 
in accordance with the optical measurements of the acetate. 

The author has tentatively called the effect of positive 
response in the high frequencies the ‘acceptance effect.” 
It bears a close similarity to the conductance effect in elec- 
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tronics, and it is caused by the decrease of the damping ac- 
tion of the lacquer because resistance edge and the major 
facets of the stylus do not touch the groove walls as in the 
case of larger resistance angles. Although the aural results 
will be similar to the effects of tracing distortion in repro- 
duction, it should not be confused with tracing distortion 
because it is an effect pertinent exclusively to the cutting 
action of the recording stylus. 

Some might classify the acceptance effect as an increase 
in the sensibility of registration due to the removal of the 
obstacles in the path of the stylus. 


Further research in the lapidation of the gems revealed 
that the high rate of breakage of the tips during faceting 
operations could be reduced by using natural stones and by 
performing the lapidation in accordance with the optical 
axis of the stone. 

New faceting machines were built, and improvements in 
the operation reduced the rejection to less than 20%, thus 
opening new perspectives for another reduction in the re- 
sistance angle. The latest reduction was to 18°. The bur- 
nishing facet was first ground with 0.00002 in.; that is, the 
smallest that can be ground with the burnishing facet pol- 
isher. Then a new technique was adopted, the mirror facet 
was repolished to provide a further reduction in the burnish- 
ing facet and at the same time to provide an extremely 
smooth surface to the mirror facet. The reduction in the 
BF area was estimated at 40%. 

A profile of an 18° stylus is shown in Part 1 of this paper 
(Fig. 7, S 10). Figure 5 illustrates the results obtained 
with this type. These results speak for themselves. Best 
noise figures were 74 db below maximum modulation levels. 

An included or reluctance angle of 80% was used in all 
types of styli described in this section. 


THE USE OF STYLI WITH SMALL RESISTANCE ANGLES 


Styli with resistance angles smaller than 30° sometimes 
may break the tips during actual recording due to imperfec- 
tions in the coating of the blank, and in order to detect this 
occurrence, a constant microscopic surveillance of the bot- 
tom of the groove is recommended. 


The sudden application of a high-frequency transient will 
make the stylus move so rapidly that sometimes the chip 
will be cut apart. The percentage of blanks that will be 
lost with the use of this type of styli will be from 40 to 15% 
and will be dependent in a great part on the skill of the 
operator. It is logical that a process with such a percentage 
of rejections should be limited to jobs where quality is of 
first importance. 


With regard to low frequencies, since the damping of the 
lacquer will be reduced to practically zero, the damping of 
the cutterhead should be increased, and the response should 
compensate for the deviations of 3 to 4 db that will be 
present. 


Resonances in the region of 5 to 100 cps should be elimi- 
nated even with the use of variable pitch to avoid the possi- 
ble coincidence with the tone arm resonances that will cause 
the reproducing tip to jump out of the grooves. This ob- 
servation is applicable to all types of styli. 

It has been shown earlier that by the control of certain 
parts of the stylus, 20 kc could be easily recorded and at 
this frequency the differences observed between conven- 
tional types of styli and a special one could be of the order 
of 30 db. The frequency range in disk recording could be 
extended without great obstacles to 35 or 40 kc if a suitable 
galvanoplastic process would be available. 


Experiments on these types of styli with reduced burnish- 
ing facets and resistance angles, with other types of cutter- 
heads gave similar results to those presented here; but if 
there is any resonance in the response of the cutterhead, 
this resonance will be increased enormously by the use of 
these styli. 

With stereophonic recording these types of styli will pro- 
vide the maximum separation between channels that are 
normally blended together with common types of styli be- 
cause of the high distortion generated in the groove walls 
but they are practically nonexistent with high acceptance 
styli. 


FREQUENCY AMPLITUDE MEASUREMENTS 
BY OPTICAL PATTERNS 


The Buchmann-Meyer system of measurement is widely 
known, and inclusion of reference bands before and after 
the bands to be measured allows a very practical utilization 
of this system. These reference bands are calibrated in pre- 
determined steps of db, and after the frequency run is made 
and the acetate exposed to parallel light, with a fine steel 
scriber, some auxiliary lines are traced to mark the refer- 
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A COMPARATIVE CURVE SHOWING 

THE GAIN OF THE 18° TYPE OVER 
THE 50° TYPE: 

MEASURED WITHOUT PRE EMPHASIS 
NOTE ABSENCE OF KNEE IN THE 
10-20KC REGION CAUSED BY THE 
EXCESSIVE MODULATION: 

SLOPE APROACHES SDB PER OCTAVE: 


Fic. 6. Resistance angles. 


ence amplitudes as shown in Fig. 6, and the bands to be 
measured are estimated with great accuracy. 


BLANKS 


Lacquers must be uniformly coated, perfectly flat, fresh, 
free of imperfections, scratches, bubbles, foreign matter, etc. 

The most customary defect of blanks is warping, and 
some types of recording lathes have some facilities to reduce 
this warping to some extent. The turntable provided with 
a suction device is one, a clamping ring is another, but the 
only way to achieve perfect results is to avoid the use of 
warped blanks. 

Warped blanks produce a characteristic noise that is peri- 
odic, and the only way to lower this noise is to adjust the 
depth of cut to a point where the least noise is apparent. 
Sometimes, the optimum point of the least noise will di- 
verge considerably from the standard depths of cut. Warped 
blanks also cause jumping of the reproducing tip out of the 
groove, and especially with stereo they should be rejected. 
Normal reject figures will be quite high if high standards 
are required. 


VARIABLE PITCH AND VARIABLE DEPTH 


Variable pitch systems are very helpful in reducing dis- 
tortion, especially in the lower frequencies and in the reduc- 
tion of groove echo. Variable depth systems are helpful to 
reduce pinch effect. In stereo recording, accurate depth 
control is of great importance. 


LEVEL 


In a general sense, the record should be cut at the highest 
permissible level. 


Tracing distortion, frequency range, signal-to-noise ratio, 


dynamic range, inner diameter, velocity of cut, are the lim- 
iting factors for determining the maximum level allowable. 

Some recording companies have limited the maximum 
program peak to 14 cm/sec for 45-rpm and LP recordings 
based on the factors mentioned above; some set a reference 
point at a reference frequency, for instance, 5.7 cm at | kc; 
while other companies follow the same system with a 7-cm 
reference level. 

With constant frequencies it is easy to avoid exceeding 
the maximum allowable levels, but with program materials, 
due to pre-emphasis, it is extremely difficult to set the exact 
level. Excessive precaution may result in records with level 
below the average, while in other cases it may be desirable 
to sacrifice the dynamic range in favor of a higher average 
level. 

Several devices are used at present, such as peak volt- 
meters, oscilloscopes, and vu systems with de-emphasis. 
Generally, these devices fail to give the correct indication, 
while in other cases the indication may be accurate, but the 
sum of elements may be favorable and so no perceptible 
distortion results. At other times if these instruments indi- 
cate an excessive peak level, it will be too late to correct 
anything. The best procedure for determining the optimum 
average levels should be by cut and see, or in other words 
by cut and play. With stereo this level problem is multi- 
plied due to many other factors involved. 


AN ADVANCE BALL 


Sometimes an advance ball is a benefit while at other 
times it is an evil. In the case where a cutterhead exceeds 
the maximum supportable weight that can be applied to the 
stylus, the advance ball is mandatory, but it should be posi- 
tioned at the closest possible distance from the stylus tip to 
avoid hill-and-dale motion of the groove. When light cutter- 
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Fic. 7. Accurate light pattern measurements. 


heads are used, an advance ball should be avoided. 

Dash pots and other similar damping devices are contro- 
versial, and one good compromise is to achieve a related 
equilibrium of masses on both sides of carriage pivots in 
order to relieve the unnecessary weight from the depth of 
cut adjusting spring. 


ASSOCIATED ELECTRONIC EQUIPMENT 


In the associated electronic equipment some points must 
be mentioned. The first point is tape noise that will be 
transferred in its fullest extent to disk in wide range re- 
cording. 

Specifications in noise figures for tape recorders are —60 
db, but, the fact is that this figure is very seldom true in 
normal use; the most common figure is 50 db. 

With use and certain misuses, the signal-to-noise ratio is 
even less than that, and in this case there is no point in 
having a mechanical recording system with 70 db of signal- 


to-noise ratio if the tapes to be transcribed have a noise con- 
tent of minus 30 db. The result would be —30 db. 

Tape dubbing increases noise. Corrections in tape equali- 
zation also increase noise. Other well-known sources of 
noise are tube hiss in recording amplifier, preamplifiers, and 
other associated electronic equipment. Sparks produced in 
audio switches generate noises difficult to suppress. 

It is of no use to have very wide frequency recording disk 
equipment if the program to be transcribed is limited in 
frequency. Sometimes it may be desirable to limit the fre- 
quency range; it should then be done by additional filters, 
preferably of the passive type. 

It is useless to have a distortionless disk recording system 
if the associated equipment is poor and produces 10% or 
more distortion; the final result will be at best equal to the 
worst part in the equipment chain. In a great number of 
cases, active-passive variable equalizers are responsible for 
the generation of a great percentage of distortion. 

Figure 7 illustrates a passive variable equalizer with suffi- 
cient flexibility for correction of tapes having a very low 
insertion loss and practically no distortion. Distortion in 
this equalizer will be almost entirely dependent on the in- 
ductors. The high-frequency one should be air cored and 
wound with enameled wire not smaller than 30 AWG di- 
ameter. The low-frequency inductor is wound in an EI 
Permalloy or mu-metal core, also with wire not smaller 
than 30 AWG. Multilayer shielding is required in both 
cases. 

The calibration of the dials should be performed directly 
in db, and minor level corrections made by the use of an 
attenuator. Figure 8 shows the schematic diagram and 
Fig. 9 shows the set of curves obtainable with this circuit. 
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Fic. 8. Distortionless variable equalizer. 
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Monitoring circuits associated with the disk recording 
system should be flat, measured essentially flat, and also 
distortionless in order to provide the true indication of 
what is happening to the sound that is being fed to the 
recorder. 

When correcting tape deficiencies, always remember that 
the ear is most sensitive to the middle frequency range 
(Fletcher-Munson contours). In case tape noise is high, 
boosting should be avoided in this region. This assumption 
does not mean that high-frequency boosting should be 
avoided, but merely that the turnover for the high fre- 
quencies should be above 5 kc. Less apparent noise in the 
final product will result from this practice. 
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Fic. 9. Variable equalizer curves. 


Simplicity is essential for low noise operation: avoid long 
line excesses of flexibility where normally not required, re- 
adapt tape recorders to remove unnecessary preamplifiers, 
pads and other detrimental parts so positioned to provide 
facilities generally required for mobile equipment and not 
for the case of fixed equipment. 

When re-equalizing tapes always keep in mind the final 
destination of the product; avoid excesses. Clean, sharp, 
pleasant sound will be accepted by the majority of record 
buyers, while exaggerated effects will sound good only ina 
minority of very good reproducing sets, and for the average 
sets the results will be unpleasant. 

As the quality of reproducing cartridges has improved in 
recent years, a reduction in the amount of pre-emphasis of 
the RIAA characteristic would be beneficial. Higher fre- 
quencies could be traced with lower distortion, and the noise 
introduced after the pressing of the record would be only 
slightly apparent. Noise is not the great problem it was 
when the characteristic was adopted. 

To produce good records, good tapes are required, and 
also a good manufacturing process. 
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_ YEAR marked the start of our second decade of AES Con- 
ventions. That the Society is coming of age was evident then, 
and even more so at this October’s presentation at the Hotel New 
Yorker. Our executive vice president, Dr. Olson, continued the past 
policy of expanding the Society’s scope to cover all aspects of audio, 
emphasizing the widening area to which it applies. The result was 
an outstandingly successful convention. 

Not only were the papers presented greater in number and more 
diversified in subject than previously, but they also contained much 
more “engineering meat” than in other years. For so long, intelligent 
engineers have deplored the paper that, in effect, says, “The engineers 
at Audio and Acoustical Inc. have done it again, by producing this 
new Sound Magic Device”; the “data” presented closely resembles 
the promotion literature for the “new” product. 

Where in earlier years a paper that contained useful engineering 
information might be lost among many of this promotion type, this 
year’s convention followed the upgrading trend and very definitely 
reversed the balance. 

Tuesday morning’s session on Psychoacoustical Engineering was a 
pace-setter in presentation. The discussion of Psychoacoustics (as 
such) by Gerard Harris of Bell Telephone Laboratories was followed 
by an informative paper, including a color and sound film, about the 
use of sound for analgesic purposes in dentistry. The dentist induces 
the patient to relax, with appropriate music as a help, and then uses 
intense noise to mask drill vibration and suppress pain responses. 

The remaining five papers related to stereo listening in various 
ways. The paper by R. L. Hanson of Bell Laboratories demonstrated 
the importance of transients very effectively—by fooling the audience! 
Two papers from General Electric pursued the line of previous work 
by Beaubien and Moore on system parameters by documenting sub- 
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AES reflects a trend: more and better papers on a widening field 


jective listening tests and summarizing their results. Final papers in 
this session, including one by D. S. McCoy of RCA Laboratories, 
covered some of the factors affecting the stereo illusion and distorting 
of auditory perspective. These last papers are found complete in this 
issue of the AES Journal. 

The Tuesday afternoon session on Speech Analysis, Synthesis, and 
Compression was probably the most complete coverage of this sub- 
ject ever presented to date. It was a convincing demonstration of 
progress in a fascinating area. 

The evening session on music and electronics contained more that 
was musical than the corresponding session in previous years. Here 
again, real engineering advance was demonstrated. Particularly pleas- 
ing to the ear was Wurlitzer’s “Side Man,” which also attracted at- 
tention at the banquet and was described by Herb Hearne of Wur- 
litzer in his paper, “Electronic Production of Percussion Sounds.” 
Also of special interest in this field was Hammond Organ’s paper, “A 
New Reverberation Device for High Fidelity Systems.” 


UCH a high standard for the first day was too much to expect of 

an entire convention. A member of the audience summed up 
Wednesday afternoon’s program as “nothing really new.” It’s true, 
some of the presentation paralleled Briggs’ theories, but the con- 
clusions differed. 

The evening session on Amplifiers covered some new ground: de- 
tails of tube development and application of magnetic amplifier tech- 
nique to audio, using an 18 Ke supply. 

Thursday's program was more informative again, on Disc and Tape 
Recording and Reproduction. Three papers in the afternoon session 
were devoted to recording for the blind and talking book systems. 
Notable was the paper by Herman Levin of Cook Research Labora- 

(Continued on Page 70) 


Photographs by Guy Gillette 
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FALL CONVENTION BANQUET held Thursday October 13, in the Grand  convention’s own superlative audio system. Above, right, visitors 
Ballroom of the Hotel New Yorker, at left: Above, a balcony view of inspect equipment in one of many professional exhibits at AES show. 
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Harry F. Olson, president, H. H. Scott, executive vice-president 


OFFICERS, GOVERNORS 
and CHAIRMEN, ‘60-61 


HE thirteenth year of the 

Society begins with a few 
new names and many familiar 
ones on the list of officers, 
governors and committee 
chairmen. 
The new crew takes over after 
one of the most constructive 
years in AES history. The 
Society is grateful to outgoing 
president Harry L. Bryant 
and executive vice-president, 
Harry F. Olson and their com- 
mittees and to officers and 
governors now retiring for 
their fine work during the 
past year. 


OFFICERS 
President 
Harry F. Olson 
RCA Laboratories, Prince- 
ton, N. J. 
Executive Vice-President 
Hermon H. Scott 
H. H. Scott, Inc. Maynard, 
Mass. 
Central Vice-President 
L. R. Burroughs 
Electro-Voice, Inc., Buchan- 
an, Mich. 
Western Vice-President 
Pell Kruttschnitt 
Capitol Records, Holly- 
wood, Calif. 
Secretary 
C. J. LeBel 
(reelected) 
Treasurer 
Ralph A. Schlegel 
(reelected) 


GOVERNORS 


New Governors 
Murray Crosby 
Crosby Laboratories, Hicks- 
ville, N. Y. 
John M. Hollywood 
CBS Laboratories, Stam- 
ford, Conn. 
M. R. Schroeder, 
Bell Telephone Laborator- 
ies, Murray Hill, N. J. 
Continuing Governors 
William S. Bachman 
Harry L. Bryant 
Sherman Fairchild 
William B. Snow 
Walter O. Stanton 
Edgar M. Villchur 


COMMITTEE CHAIRMEN 


Admissions—William S. Bach- 
man 

Awards—Ross H. Snyder 

Convention—Hermon H.Scott 

Exhibits—Murray G. Crosby 
Harvey Sampson, Jr. 

Finance—R. A. Schlegel 

Historical—Chester A. Rackey 

Laws & Resolutions— 
Vincent J. Liebler 

Membership—M. R. Schroeder 

Nominations—Harry L. Bry- 
ant 

Papers Procurement — Troy 
Brainard 

Public Relations—Jacqueline 
Harvey 

Sections—L. R. Burroughs 

Standards—Edgar Villchur 


tories, “Tape Recorder for the Blind,” describing the Magnabook 
Reprocorder, a special instrument for the visually handicapped. 

In general, in all of Thursday’s sessions, progress was reported on 
current work—and there is plenty going on—but little specific prom- 
ise was given of consistently better performance in recording equip- 
ment in the immediate future. This lag was, in fact, the keynote of 
Professor Hunt’s speech at the evening banquet. 

Professor Hunt deplored recording industry complacency and 
showed with amusing but plausible statistics that a more serious 
attack on progress is needed to keep the industry healthy. Narrower 
“tracks” enable longer playing time per disc. With greatly reduced 
stylus pressures and increased record production, however, he deduced 
that the annual estimated “ton-miles” performed by the world’s 
styli have stayed sensibly constant for decades. The aggregate ton- 
mile figure was enough to get a substantial pay-load to the moon! 

Friday finished up the convention at a level commensurate with 
Tuesday’s start. Harold Burris-Meyer and Vincent Mallory’s in- 
formative paper, “Sound Control Techniques for the Legitimate Thea- 
ter and Opera,” in the session on Architecture Acoustics and Elec- 
tronics, presented a challenge for future exploitation. The paper 
touched briefly on some of the many things that can be done to 
modify the acoustics of a theater or auditorium electronically. 

Are eigentones necessary or desirable to an artificial reverberation 
system? So far every system developed, and every studio and 
auditorium possesses them. But work reported and demonstrated 
in Bell Lab’s paper, “ ‘Colorless’ Artificial Reverberation” suggests 
something can be done about them. This looks like the answer to a 
number of reverberation problems, with a little more work “reducing 
to practice.” At the moment it still takes a block of IBM model 650 
computers which, except at election time, are used in few studios. 


HE Friday morning Stereophonics sessions were short, but really 

much of Tuesday morning’s session had been on stereo, too. Of par- 
ticular interest was the Ampex paper, “A New Portable Stereo Mixer,” 
which described the new Ampex PR-10, 2-channel Recorder, SA-10 
Speaker Amplifier and MX-10 Stereo Mixer—a system with an un- 
usual degree of versatility. 

The Audio Applications session covered the home movie camera 
and educational audio-visual fields very well. Ray Hennessy of 
Fairchild Camera discussed Fairchild’s new 8mm sound camera and 
projector. Of equal interest was the exposition by J. M. Moriarty 
of Eastman Kodak on “A High Quality 8mm Sound Movie Pro- 
jector,” and the problems peculiar to it. 

And for the first time audio’s position in education was reviewed 
by Edward Golub of the Bureau of Audio Visual Instruction, Board 
of Education, New York City. He discussed language laboratories, 
television audio and other aspects of audio facilities and equipment 
in schools. 

The evening session on Measurements and Standards in Audio 
emphasized the need for work in the area, more than it reported 
progress. Very well received was Edgar Villchur’s “A Method of 
Testing Loudspeakers with Random Noise Input.” And informative 
as well as humorous was J. A. Stark’s paper, “New EIA Music 
Power Rating Standards.” Altogether, the convention sessions con- 
tained more information than ever before. 

The exhibition was definitely better than last year, too. It was 
larger and more professional in attitude. As Exhibit Chairman 
Harvey Sampson, Jr. said, “The finest group of professional equip- 
ment exhibitors with the highest standards to come down the pike 
in a long time.” The exhibiting companies did an effective job in 
interesting those attending the Fall convention. This year the task 
was perhaps more challenging than in other years, since this was the 
first year that the AES convention did not coincide with the IHFM 
show. It was truly an engineer’s exhibit geared to the professional. 

The ardent enthusiasm that gave birth to the AES a dozen years 
ago has now grown into a solid engineering agressiveness that will 
keep the industry abreast of the demands of a rapidly expanding 
technology in years to come—NORMAN CROWHURST 
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STANDARD OF EXCELLENCE... 
By Design 


AMPEX 300 SERIES Magnetic Tape Recorders—designed for master recording— 
completely dominate the professional recording industry throughout the world. By 
producing the finest monophonic and stereophonic masters, the Ampex 300 has 
earned the recognition of “standard of excellence” from this critical, exacting industry. 


ALABAMA 
BIRMINGHAM 

Ack Radio Supply Company 
3101 - 4th Avenue South 


ARIZONA 

PHOENIX 

Bruce's World of Sound, Inc 
2711 East indian School Road 


CALIFORNIA 
FRESNO 
Tingey Company 
847 Divisadero Street 
LOS ALTOS 
Audio Center 
293 State Street 
LOS ANGELES 
Magnetic Recorders Company 
7120 Melrose Avenue 
Ralke Company, inc 
849 North Highland Avenue (38 
NORTH HOLLYWOOD 
V. Smith Associates 
11548 Addison Street 
SACRAMENTO 
oe - —y Company 
731° 
SAN ream 
Sennetie | a / Company 
1081 Mission Street 


SAUGUS 
Syimar Electronics 
26000 Bouquet Canyon Road 


AUDIO PRODUCTS DIVISION 


COLORADO 

DENVER 

Davis Audio-Visual Company 
2023 East Colfax Avenue (6) 


DISTRICT OF COLUMBIA 
WASHINGTON 

Shrader Sound Incorporated 

2803 “M"’ Street, N.W 


FLORIDA 

MIAMI 

East Coast Radio & Television Co., Inc 
1900 N.W. Miami Court (36) 


HAWAII 

4ONOLULU 

tohn j. Harding Co., 

1514 Kona Street, P re Box 4013 


KLLINOIS 

CHICAGO 

Newark Electronics Corp 
223 West Madison Street (6) 
QUINCY 

Gates Radio Company 

123 Hampshire Street 


INDIANA 
INDIANAPOLIS 

Radio Distributing Company 
814 Senate 


1OWA 
DES MOINES 


Mastertone Recording Company 
8101 University Avenue 


LOUISIANA 
NEW ORLEANS 
Radio Parts, Inc 
807 Howard Avenue 


MARYLAND 
BALTIMORE 

High Fidelity House, inc 
5127 Roland Avenue (10) 


MASSACHUSETTS 
BOSTON 

DeMambro Radio Supply Company 
1093 Commonwealth 


MICHIGAN 

DETROIT 

S. Sterling Co 

15310 W. McNicholson Ro 


MINNESOTA 
MINNEAPOLIS 

Lew Bonn Company 
1211 LaSalle Avenue (3) 


MISSOURI 

KANSAS CITY 
Burstein-Appiebee Company 
1012 McGee Street (6) 


NEW MEXICO 
SANTA FE 


A 
Sanders & Associates 
70 West Marcy Street 


In addition—the Ampex Duplicators—the only 
commercially available high speed duplicators—have become the standard 
of the industry for which they were designed. The stability of mechanical 
operation of Ampex Duplicators (which incorporate the precision mechanism 
of the Ampex 300 running at speeds up to 120 in/per/sec) permit high speed 
duplication of recorded master tapes with utmost fidelity. 


NEW YORK 

NEW YORK CITY 

Harvey Radio Company, Inc 

103 West 43rd Street (36) 

Lang Electronics Incorporated 
507 - Sth Avenue (17) 

Sonocraft Corporation 

115 West 45th Street (36) 
SYRACUSE 

W. G. Brown Sound Equipment Corp 
521 East Washington Street (20 


NORTH CAROLINA 
WINSTON-SALEM 

Dalton-Hege Radio Supply Co.. inc 
938 Burke Street 


OKIO 

cCoLUMBUS 

Electronic Supply Corporation 
134 East Long Street (15 


PENNSYLVANIA 
PHILADELPHIA 

Austin Electronics, inc 
1421 Walnut Street 


TENNESSEE 

MEMPHIS 

W & W Distributing Company 
644 Madison Avenue 
WASHVILLE 

D&N Distributing Semeeny 
113 - 19th Avenue, South 


* AMPEX PROFESSIONAL PRODUCTS COMPANY 


934 CHARTER STREET, REDWOOD CITY, CALIF. 
Offices and Representatives in Principal Cities Throughout the World 


Journal of the Audio Engineering Society, January, 1961 


For complete information: technical, application, specification—contact 
your nearest factory-trained Ampex Master Recording Dealer... 


TEXAS 

ARLINGTON 

Audio-Acoust:c Equipment Company 
130 Fairview Drive 

EL PASO 

Sanders & Associates 

1225 E. Yandail Street 

SAN ANTONIO 

Modern Electronics Company 

2000 Broadway 


VIRGINIA 

RICHMOND 

Radio Supply Company. inc 
3302 Westbroad Street 


UTAH 

SALT LAKE CITY 

Standard Supply Compan 

225 East 6th Street, "touth 10) 


WASHINGTON 
SEATTLE 

Electricraft, Inc 

1408 Siath Avenue 


SPOKANE 
20th Century Sales 
West 1021 First Avenue (18) 


AMPEX 
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1960 AES AWARDS 


A’ THE Twelfth Annual Convention Banquet held in the newly- 

decorated Grand Ballroom of the Hetel New Yorker in New 
York City on Thursday, October 13, 1960, twelve awards were pre- 
sented to persons who have made outstanding contributions in the 
field of audio engineering. In addition to the three Annual Awards, 
four Honorary Memberships, and five Fellowships were given. Ross 
H. Snyder was chairman of the Awards Committee, assisted by 
Herbert E. Farmer and E. V. B. Kettleman. 


THE JOHN H. POTTS MEMORIAL AWARD 


R. S. J. BEGUN, director of market- 
ing, Clevite Corporation, Cleveland, 
Ohio, was presented with the John H. 
Potts Memorial Award for “Outstanding 
Achievement in the Field of Audio Engi- 
neering.” The award was given in recog- 
nition of more than thirty years of re- 
search and engineering in the science of 
electronics, magnetics, electrostatics and 
mechanics, toward more perfect sound 
transmission and recording. 
The Potts Award was established in 
Dr. S. J. Becun 1949 by Mrs. Potts in memory of her 
husband. He was a pioneer in the devel- 
opment and progress of the electronic arts and also was editor of 
several leading publications. At the time of his death Potts was editor 
of the magazine “Audio Engineering” (now called “Audio”), which 
he founded. The author of numerous engineering articles and papers, 
he had worked as an engineer with RCA, General Electric, Westing- 
house and Sperry. A bronze medallion is given annually by the Society. 
Past recipients of the John H. Potts Memorial Award have been: 
Harry F. Olson (1949), Howard A. Chinn (1950), Hermon H. Scott 
(1951), Frank L. Capps (posthumously, 1952), O. B. Hanson (1956), 
Edward C. Wente (1957), Harvey S. Fletcher (1958) and Harold S. 
Black (1959). 


THE EMILE BERLINER AWARD 


R. RENE SNEPVANGERS, vice 

president, Electro-Sonic Laborato- 
ries, Inc., Long Island, New York, was 
presented The Emile Berliner Award for 
“Outstanding Development in the Field 
of Audio Engineering,” in recognition of 
his contributions to fine-groove recording. 
While with The Columbia Broadcasting 
System in 1944, Mr. Snepvangers was 
project leader for the development of the 
LP record, and worked on most of the 
fine-groove pickups used by the LP 
industry. RENE SNEPVANGERS 

The Emile Berliner Award was estab- 
lished by the Society in 1953 in honor of Emile Berliner, with funds 
provided by the Berliner family. Mr. Emile Berliner was the in- 
ventor of the lateral-cut phonograph record and the use of discs as 
records as well as many other audio inventions. A bronze plaque is 
given annually. 

In the past this award has been presented to: Henry C. Harrison 
(1953), Frederick V. Hunt (1954), William S. Bachman (1955), S. J. 
Begun (1956), H. E. Roys (1957), Charles C. Davis (1958) and 
John G. Frayne (1959). 


FOR COMPLETE 


DEMONSTRATION OF THE 
SEE YOUR AMPEX PROFESSIONAL DEALER 


PR-10 


ALABAMA Fried’s Incorporated SYRACUSE 
3801 W. 26th St. 3 8 Brown Sound 
Ack Radio Supply Co. Electronics Corporation 521 East Washington St 
3101 - 4th Avenue So. 223 W. Madison St. TUCKAHOE 
QUINCY Boynton Studio 
— Getes Radio Company 10 Pennsylvania Ave 
Bruce’s World of Sound NORTH CAROLINA 
2711 E. indian School Rd. |ANA WINSTON-SALEM 
INDIANAPOLIS Daiton- ae Incorporated 
enasrenan Radio Distributing Company $58 Burt 
EL MONTE 814 N. Senate ono 
v4 SOUTH BEND CINCINNATI 
543 So. Tyler Ave tax Ci . ine 
FRESNO 747 S. Michigan 2259 Gilbert Ave 
iy Co. COLUMBUS 
847 Divisadero st towa Electromic Suppiy Corporation 
CEDAR RAPIDS 134 E. Long St 
WOLLYWwOOD Collins Radio Company 
yy Electronics CA DAYTON 
be — St. boar Electronics Incorporated 
LOUISIANA 1918 S. Brown St. 
hor No. “tightana Ave. garam neues Srepco, Incorporated 
LONG BEACH 10 Supply Co 314 Leo St 
Scott Audio Co. ie North tive TOLEDO 
266 Alamitos St NEW ORLEANS Warren Radio 
LOS ALTOS South Radio Supply Co. 1002 Adams St 
Audio Center, Inc 1908 Tetene Ave. OKLAHOMA 
293 State St MARYLAND NORMAN 
LOS ANGELES BALTIMORE Thomson Sound Systems 
py igh Fidelity House 315 W. Boyd 
Vermont 5127 Roland Ave. 
California Sound — 
No. Hoover St. MASSACHUSETTS Cecil Farnes Co. 
Craig Corporation 440 Church N. E. 
x La Cienega Biva De Mambro Radic a4 
Kierulff Sound Corp 1095 Commonweaith PENNSYLVANIA 
1015 So. Figueroa St Radio Shack Corporation PHILADELPHIA 
es Recorders Co 730 Commonweaith Austin Electronics inc. 
7120 Meirose Ave CAMBRIDGE 1421 Walnut St 
Pi t Hi Fi Lab Radio Electric Service Co. of Pa. 
sioesis Co. 1071 Massachusetts Ave. 7th and arch Sts. a 
2115 El Camino Real NEEDHAM HEIGHTS ROSLYN 
SACRAMENTO saduateiel Electronic Supply Grove Enterprises 
st . 
waren SPRINGFIELD a 
Del Padre Supply Co. RHODE IS! 
SAN DIEGO 999 Worthington St. —— 
See rnc WELLESLEY bg, Mambro Radio Supply 
“é Music Box 1292 Westminister St. 
SAN FRANCISCO 58 Central Ave 
tic Recorders inc WORCESTER SOUTH CAROLINA 
1081 Mission St De Mambro Radio Supoly COLUMBIA 
SAUGUS 222 Summer St. Dixie Radio Supply Co. 
1700 Laurel St 
Syimar Electronics MICHIGAN 
26000 Bouquet Canyon Rd. an at 


BOR SOUTH DAKOTA 
meyer Electronic Supply 


SIOUX FALLS 
cnneen Bis Kath ve Warren Supply Co. of So. Dakota 
DETROIT 115 S. Indiana Ave. 
Davis Audio Visual Inc. KL. "1 Laboratories, | inc. 
om Se. —— 7375 Woodward A TENNESSEE 
—_ Pecar vn MEMPHIS 
brnng hee ang W & W Distributing Co. 
con IMECTICUT shame Address Systems my Ave 
A a ams 
Town Kaminga ric 
1337 Judd Avenue S. 
DISTRICT OF COLUMBIA MINNESOTA amuimcton 
WASHINGTON MINNEAPOLIS 
Shrader Sound, Lew Bonn Company teu eet a 
2803 M Street. Ny w. 1211 LaSalle Ave. 
wil il, Inc. 
ot ah Circle, N. Ww. MISSOURI Audio Acoustic Equipment Co 
omens, city 5645 N. Central Expressway 
Hi Fidelity 
FLORIDA 301 East 55th st. aia 
INDIALANTIC Burstein-Appiebee Company 
McHose Music 1012 McGee St. ies" fast Yandail St. 
145 Fifth Ave TON 
NEBRASKA 
pan ne = OMAHA bony i ee Systems inc. 
ity . House of Hi Fi 
1427 Landon Ave. 4628 Dodge St. ppm ey 
Southeast Audio Co. NEVADA 
1125 Roselle St MIDLAND 
MIAMI ins vems Midland Came! 
Ri 
East Coast Radio of Miami pL as ylang st 
Flagler & aan NEW JERSEY Modern Electronics Co 
1068 W Magier St. CAMDEN 2000 Broadway 
ORLANDO Radio Electric Service Co. 
East Coast Radio of Orlando of Rew pcm 
1012 Stigh Bivd., S. W. 513 Cooper St. as mem = 
PATERSON ly Co. 
PENSACOLA 225 E. 6th Street South 
Grice Electronics Inc. Sr es Co. 
300 E. Wright St. VIRGINIA 
TAMPA NEW MEXICO NORFOLK - RICHMOND - ROANOKE 
Burdett Sound SANTA FE Radio Supply Co. Inc. 
3619 Henderson Bivd. Sanders & Associates RICHMOND 
70 West Marcy St. 1. M. Stac 
GEORGIA NEW YORK 5803 Patterson hy 
ATLANTA BUFFALO 
251 ea OK Wer Genser same 
oy WW. 1 Genesee S 
Ses eet Inc. NEW YORK sso os, & Incorporated 
re ryt) ae Western Electronics Supply Co. 
Hawan Harvey Radio Co 787 Caster 
HONOLULU =a 103 West 43rd St some 
Jonn ) tg Lang Electronics 20th Ce Sales Inc. 
1514 Kona St Sov Fifth Ave West 1621 Pirst Ave 
sion Radio Co. Sonocraft 
{ieo so. King St ore ean coe ee. WISCONSIN 
Visual Electronics MILWAUKEE 
ILLINOIS 56 West 40th S Beacon  Soctoaston Division 
CHICAGO ROCHESTER 715 N. Milwaukee St. 


—_ tice Art Company 
Lisbon 


AMPEX 


AUDIO PRODUCTS DIVISION 
AMPEX PROFESSIONAL PRODUCTS COMPANY 
934 Charter Street - Redwood City, California 
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ALL NEW FROM AMPEX 


In sound quality, in operating principle and in features, this is the compact professional 
recorder that will set the standards for all others. New in every detail and Ampex 
throughout, the PR-10 is all you expect of the name. /t is a worthy companion of the big 
Ampex recorders that make the master tapes of nearly all the recorded performances 
sold in the world today. To a heritage of excellence, the PR-10 adds the completely 
new electrodynamic frictionless tape handling system that makes possible studio- 
quality performance in a compact machine. Your dealer has it. See it operate soon. 


FEATURES AND ESSENTIAL DATA PR-10-2 stereo/monophonic model records and plays back stereo- 
phonic, monophonic, sound-on-sound, cue-track, selective track and mixed or unmixed two-microphone sound * PR-10-1 
monophonic available full track or half track * Pushbutton controls of professional relay/solenoid type * Full remote con- 
trol provisions ond accessory remote unit * New automatic 2-second threading accessory, optional « All new compact 
electronics * Professional monitoring includes A-B switches, VU meters, phone jocks ond output circuits * Separate erase, 
record and play heads * 4-trock stereo playback optional on open fourth head position * Two speeds with options: 15 and 
7% ips or 7%, and 33% ips * Hysteresis synchronous motor ¢ Electrodynamic tape handling for lowest flutter ever in a 
portable/compact recorder * Plug-in dules for flexibili of ond input characteristics * Portable or rock 
mount « Dimensions for both models: 19” w by 14” h permitti ng easy replacement of many older rack recorders. 


PR-10 


LAMPEX| PR-10 | 


= 


Complete descriptive literature available from Ampex. Write Dept. BE-1. 
AMPEX PROFESSIONAL PRODUCTS COMPANY * AUDIO PRODUCTS DIVISION * 934 Charter St.* Redwood City, Calif. 
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SEPARATE HEADS 


help make the 3 SPEED-4 TRACK 


Aandberg sxs 6 
STEREO TAPE DECK 


sions on tape. 
* Playback head gap at .00012” W. 

assures optimum performance and higher "The Professional’s Speed of the Future” 
© Erase and record heads completely self 

p wrod Foe "TANDBERG 6 STEREO TAPE DECK also offers 
© Heads laminated with special finest these outstanding performance features: 

, ~ dee . a Sound-on-sound; 4 track and 2 track stereo 
© Record and playback heads each have & monaural playback; 4 track stereo & 


easy. recording; Push button operation. 


Aandberg of America, Inc. 8 Third Avenue, Pelham, N. Y. 


All Tandberg units feature 17” ips 


900 windings—with each monaural record; Built-in remote control; 
hair Digital counter; Silent pause control; Di- 
© Head cleaning remarkably simple and "ect monitor from signal source or active 


THE AUDIO ENGINEERING SOCIETY AWARD 


R. HARVEY SAMPSON, JR.., Har- 
vey Radio Company, Inc., New 
York City, received The Audio Engineer- 
ing Society Award granted to “the person 
whose work has helped most in the ad- 
vancement of the Society,” in recognition 
of unstinting devotion of time and energy 
to the indispensable tasks of the Society. 
For the last two years, Mr. Sampson has 
worked with the Exhibit Committee of 
the AES Fall Convention. This year, 
with him as the committee’s chairman 
and through his personal efforts, a greater 
number of companies participated in the 
technical exhibit than ever before in the Society’s twelve-year history. 
Others who have received this award are: C. J. LeBel (1949), 
Chester A. Rackey (1950), F. Sumner Hall (1951), Ralph A. Schlegel 
(1952), C. G. McProud (1953), John D. Colvin (1954), Norman C. 
Pickering (1955), Warren D. Birkenhead (1956), Herbert E. Farmer 
(1957), Carleton R. Sawyer (1957). (None were given in 1958 and 
1959.) 


Harvey Sampson, Jr. 


HONORARY MEMBERSHIPS AND FELLOWSHIPS 


Honorary Member: A person of outstanding repute and eminence in 
the science of audio engineering, or any of its allied arts, may be 
| elected to Honorary Membership by the Board of Governors and 
| thus become entitled to all the rights and privileges of the Society. 


| Honorary Membership was presented to Mr. Miklos Rosza as an 
outstanding composer-conductor, devoted to the new art of music for 
spectacular motion pictures, and especially for his work with the 
medium of recording as a participating dramatic element in the pro- 
| duction of films. 


Honorary Membership was granted to Mr. Otto W. Kornei in recog- 
| nition of basic physical research in ferrite materials and the phe- 
| nomena surrounding them. and in the field of mechanical recording. 


| Honorary Membership was given to Dr. W. W. Wetzel to honor 
| fundamental contributions in mechanical and chemical technology 
| toward the practical creation of magnetic recording media. 


| Fellow: A member who has rendered conspicuous service, or is rec- 
| ognized to have made valuable contributions to the advancement in, 
or dissemination of knowledge of audio engineering, or the promotion 
of its application in practice may be elected a Fellow of the Society. 


Fellowships were presented to the following: George A. Brettell, in 
recognition of original contributions to audio technology in the de- 
sign of compact coordinated loudspeaker-amplifier-enclosure devices; 
John G. McKnight, in recognition of original research into the rela- 
tions among energy, frequency and taste trends in musical transmis- 
sions; W. J. Moreland, in recognition of his engineering contributions 
to the design of modern capacitor microphone devices; Edgar M 
| Villchur, in recognition of contributions to the theory and practice 
| of modern loudspeaker design, toward extensions of response bandpass 
| in compact devices; Daniel H. Wiegand, in recognition of his creative 
| contributions to the education of audio engineers. 


ERRATUM 


“The Physical Conditions for Optimum Bass Reflex Cabinets,” by 
L. Keibs [J. Audio Eng. Soc. 8, 258 (1960)] was translated from 
Technische Mitteliungen BRF, No. 1 (October, 1957). 


| 
| 
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imagine!... 7,500,000 


Think of it—the highest magnetic power ever achieved, in virtually any size and shape—through the use of 
commercially produced ALNICUS 75®...an entirely new and exclusive development of U.S. MAGNET & 
ALLOY CORPORATION. 


This revolutionary advance in the development of a high energy level permanent magnet material is in marked 
contrast to the time when we were boys experimenting with the magic of magnetism—an era when industry 
knew little of the many possible uses of the magnet. 


Today—an age of space and automation—the permanent magnet has become a vital component used in one form 
or another in all industries. ALNICUS 75®, with its nominal energy product of 7,500,000 gauss-oersteds, 
broadens the scope of magnet use. For example—with commercially produced ALNICUS 75® it is now possible 
to have increased magnetic energy with no increase in unit size or weight... or, retain the same magnetic 
energy with less magnet weight. More important ...ALNICUS 75® can be cast into virtually any size or 
shape... because it maintains its high magnetic power in all configurations! 


ALNICUS 75® is of signal importance to the design and development groups in the fields devoted to the manu- 
facture of m Loudspeakers ™ Generators ™ Motors @ Magnetrons m@ Galvanometers m@ Magnetos 

m Tachometers @ Relays m Separators ™ Magnetic Chucks @ Oil Filters m@ Holding Magnets m Recorders 
mw Radar Equipment @ Meters m Computers @ Electronic Equipment 


For complete information about ALNICUS 75® and its advantages for the Design and Development group 
in your firm, write for Brochure 10-E., Please address general inquiries to Dept. 10-E. *gouss-oersteds 


MAGNETIC MATERIALS DIVISION 


U.S. MAGNET & ALLOY CORP., 266 Glenwood Avenue, Bloomfield, N.J. 
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Twelfth Annual Convention Program, October 11-14, 1960 


Tuesday Morning, October 11, 1960 


Annual Business Meeting, Installation of Officers, 
Committee Reports 


PSYCHOACOUSTICAL ENGINEERING 


Chairman: Harold L. Barney, Bell Telephone 
Laboratories, Inc., Murray Hill, N. J. 


WHAT IS PSYCHOACOUSTICS? 

G. G. Harris, Bell Telephone Laboratories, Inc., Murray Hill, N. J. 
What we can hear depends first-of all on what the ear hears. It also 
depends on what the brain does with what the ear hears. On the 
one hand, there has been considerable study of the mechanical-electri- 
cal operation of the ear. Generally speaking the ear acts as a complex 
time frequency analyzer. On the other hand, there are extensive in- 
vestigations as to what a person hears subjectively; that is, the psy- 
chological aspects of hearing. Psychoacoustics includes and attempts 
to relate these studies. 


SOUND-INDUCED ANALGESIA 

W. J. Gardner, Cambridge, Mass. 

J. C. R. Licklider, and A. Z. Weisz, Bolt, Beranek and Newman, 
Cambridge, Mass. 


This paper summarizes our experience, both clinical and laboratory, 
with suppression of subjective pain, and reaction to pain, by intense 
acoustic stimulation. The procedure used in inducing the analgesic 
state typically involves a preliminary phase, in which music is em- 
ployed to facilitate relaxation, and a main phase in which intense 
noise is used to suppress pain responses. 


PSYCHOACOUSTICS OF STEREOPHONIC 
REPRODUCTION 
R. L. Hanson, Bell Telephone Laboratories, Inc., Murray Hill, N. J. 
When one listens to a transient-type signal from two equi-distant 
loudspeakers in free space, he experiences the sensation of a single 
well-defined source. Tests will be described in which both transient 
and sine wave signals are presented by two loudspeakers with differ- 
ent relative delays and/or attenuations in the two speaker paths. 


LISTENING TEST METHODS AND EVALUATION 

F. A. Olson and K. Schjonneberg, General Electric Co., Utica, N. Y. 
Comparative listening tests to make subjective evaluations of the 
acoustical performance of radios, phonographs, and_ high-fidelity 
equipment are very important to successful design and development 
efforts. This paper describes appraisal techniques and _ statistical 
treatment of the listening test results. 


EFFECT OF SYSTEM PARAMETERS ON THE 
STEREOPHONIC EFFECT 

H. B. Moore, General Electric Co., Utica, N. Y. 

Subjective listening tests employing pre-recorded stereophonic pro- 

gram material have been conducted on the effects of parameters such 

as system matching, separation, and volume to determine their rela- 

tionship to the psychological and physiological stereophonic effect. 

This paper documents these tests and summarizes their results. 


DISTORTION OF AUDITORY PERSPECTIVE PRODUCED 
BY INTERCHANNEL MIXING AT HIGH AND LOW 
AUDIO FREQUENCIES 

D. S. McCoy, RCA Laboratories, Princeton, N. J. 

This paper describes an attempt to determin. by subjective test, the 

nature and degree of distortion of auditory perspective produced when 

L-—R or difference information of the two stereo channels is attenu- 

ated at either high or low audio frequencies. 
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SUBJECTIVE EVALUATION OF FACTORS AFFECTING 
TWO-CHANNEL STEREOPHONY 

F. K. Harvey and M. R. Schroeder, Bell Telephone Laboratories, 
Inc., Murray Hill, N. J. 

In transmitting and reproducing 2-channel stereophonic signals, the 

original program material may be modified deliberately or uninten- 

tionally. Separation upper and lower cutoff frequencies as well as 

full-band channel separation (in db) have been evaluated subjectively 

in terms of detection of spatial difference, preservation of spatial re- 

semblance, and listener preference. In addition, other pertinent ob- 

servations on subjective aspects are reported. 


Tuesday Afternoon 


SPEECH ANALYSIS, SYNTHESIS AND 
COMPRESSION 


Chairman: James L. Flanagan, Bell Telephone 
Laboratories, Inc., Murray Hill, N. J. 


SOME PROBLEMS IN REMAKING SPEECH 
F. S. Cooper, Haskins Laboratories, New York, N. Y. 


If speech is to be remade from an abbreviated description of the 
original event, certain hard choices must be faced: How much com- 
pression is possible? At what cost in speech quality and instrumental 
complexity? Should the original speech be dismembered into arbitrary 
pieces, linguistic units, or acoustic or articulatory parameters? This 
paper will undertake a review of the anatomy of speech destined for 
surgery. 


SYNTHESIS BY ANALOGS AND ARTICULATORY 
CODING* 

George Rosen, Massachusetts Institute of Technology, Cambridge, 
Mass. 

Speech can be economically coded by describing its production rather 

than the acoustic signals produced. This is the principle behind 

analog speech synthesizers, and in particular the dynamic analog, to 

be described in this paper. This synthesizer is an electrically variable 

transmission line. Highly natural stimuli have been produced by the 

synthesizer and the responses of listeners to these stimuli have been 

measured. 

* This work was supported in part by the U. S. Army, U. S. Air 

Force, and U. S. Navy. 


CORRELATION TECHNIQUES FOR SPEECH 
BANDWIDTH COMPRESSION 
M. R. Schroeder, Bell Telephone Laboratories, Inc., Murray Hill, 
N. J. 
A new kind of vocoder analyzes speech by autocorrelation or cross- 
correlation with a suitable speech-derived signal and synthesizes the 
speech directly in the time domain. This technique promises to com- 
bine high quality of the remade speech with large bandwidth com- 
pression. 


DIGITAL DATA PROCESSING FOR VOICE 
COMMUNICATION 

Caldwell P. Smith, Air Force Research Division, Bedford, Mass. 

A means for communicating voice with a binary digital code offers 

many advantages, provided a method can be found for effective com- 

munication at a low digital data rate. One approach to this problem 

is based on the concept of converting speech to a limited set of spec- 

trum pattern events and pitch pattern events, and transmitting the 

pattern “serial numbers” over the communications channel. Some 

studies of this approach are described. 
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PU LITEC zer0-loss EQUALIZERS - FILTERS - AMPLIFIERS 


offer the recording industry a unique standard of accuracy and fidelity—in shaping equalization curves—in boosting or attenuating — ‘ 
end-range frequencies without muddying-up the mid-range—in eliminating distortion caused by inferior equipment : ai 
and in adding special effects. These ™ PULTEC instruments areavailable at = Bee 


HARVEY 


PROGRAM EQUALIZER, 
Model EQP-1S 


Widest range of equalization curves. Self-powered, with 
choice of input and load impedances. Clickless controls. 
Separate boost- attenuate controls permit boosting high 

freq y while att ting on a 10KC shelf curve. $475.00 


PROGRAM EQUALIZER, Model EQH-2 


Passive network feeds through amplifier to restore loss. 
Permits boosting or attenuating extreme end-frequencies 
with complete clarity in the mid-range. Continuously 
variable controls vary equalization curve even on 
sustained tones without noise or distortion. $305.00 


PROGRAM and SOUND EFFECTS FILTER, 
Model HLF-3C 


Extreme sharp cut-off makes it possible to eliminate hiss, 
rumble and hum with minimum effect on desired 
frequencies. ideal for the creation of special effects: 
telephone, “outer space” and so forth. Key switch permits 
accurate cue-ing. $268.00 


MICROPHONE a::d BOOSTER AMPLIFIER, 
Model MB-1 


Most versatile instrument of its kind. Provides gain from 

28 to 48 db. Noise level 120 dbm down. Ideal as a mike 
amplifier, for restoring mixer losses, and so forth. Self- 
powered, with choice of input and load impedances. $178.00 


“MAVEC” MICROPHONE AMPLIFIER 
and VARIABLE EQUALIZER 


Equalizes individual mike channel. Corrects for all 
program deficiencies. 30 to 40 db overall gain. Specially 
effective in controlling vocal sibilance. Choice of 
input and load impedances. $395.00 


Hear the difterence PU LTE can mate. visit the EX AIR W ELY Protessional showroom 
ee SS os 


1 WH ARW EW rapioco.,1nc. 


103 West 43 Street, New York 36, N.Y. / 1Block from Times Square / JUdson 2-6380_ 
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A SPECTROGRAPHIC STUDY OF FORMANT TRACKING 
S. Joseph Campanella, Melpar, Inc., Falls Church, Va. 

This paper presents an analysis of the spectral structure of speech 
formants for certain consonants and vowels as they exist in facsimile 
speech and the same speech as regenerated by a formant tracking 
speech compression system. A new device for conducting the analysis, 
that has been named “the speech microscope,” was employed and is 
described in the paper. 


SPEECH COMPRESSION BY ANALYSIS-SYNTHESIS 

F. H. Slaymaker and R. A. Houde, Stromberg-Carlson Div., General 
Dynamics Corp., Rochester, N. Y. 

In the case of speech signals, the functions which must be extracted 

from the source by the analyzer are the glottal function (pitch), the 

fricative function (hiss), and the description of the power density 

spectrum. These functions are transmitted and applied to a speech 

synthesizer in order to reproduce the speech signal. This principle is 

demonstrated with tape recordings. 


Tuesday Evening 
MUSIC AND ELECTRONICS 


Chairman: Daniel W. Martin, The Baldwin Piano 
Company, Cincinnati, Ohio 


EUROPEAN ELECTRONIC MUSIC INSTRUMENT DESIGN 
Harald Bode, The Wurlitzer Co., Corinth, Miss. 

A review of the European history of electronic musical instruments 
will be given, starting from the time after World War I and resulting 
in some interesting highlights of instrument design in the mid-thirties, 
including the Theremin, the Onde Martenot, the Trautonium, the 
Electrochord, and the Warbo Formant organ, and finally leading to 
concepts which were adaptable for industrial manufacturing, starting 
around 1950. Live demonstrations as well as tape recordings of a 
few typical instruments will be presented. 


RELATIONSHIPS BETWEEN ELECTRONIC ORGAN 
TIMBRE AND SOUND SPECTRA 
Earle L. Kent, C. G. Conn, Ltd., Elkhart, Ind. 


The timbre of tones having a given spectra can be modified by other 
factors in the tones such as attack, release, vibrato, dynamics, and 
tonal combinations. The relationships between these factors and 
timbre will be demonstrated with an electronic organ. 


ELECTRONIC PRODUCTION OF PERCUSSIVE SOUNDS 
Herb Hearne, The Wurlitzer Co., Corinth, Miss. 


Percussion instrument sounds are generally characterized by a rapid 
attack, poorly defined pitch, and a long decay. In the production of 
percussion sounds, the more simple the complete sound envelope, the 
better, as long as each component is reasonably authentic. A circuit 
with adjustable striking device, that can be tuned to a given pitch, 
enables the production of a large array of percussion types. White 
noise, suitable formant filters, and keying circuits provide the other 
side of the family. Combinations of the two complete the picture for 
most of the special cases. The foregoing philosophy was applied 
during the design of the Wurlitzer “Side Man.” 


ELECTRICAL ACTION FOR PIPE ORGANS 
Albert R. Rienstra, Morristown, N. J. 


In the revival of pre-Bach and baroque music the tonal design of 
pipe organs has reverted to that period. However, there is still some- 
thing missing in present-day actions, e.g., control of the starting and 
ending transients which was possible with the old style tracker action. 
Consequently, the trend now is back to tracker action with all of its 
inherent disadvantages. The handicaps of heavy pressure on the 
playing keys and the necessity of close proximity of console and 
pipes are overcome in the electrical method which will be described. 
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ELECTRONIC PRODUCTION OF CHORAL TONE 

W. C. Wayne, Jr., The Baldwin Piano Co., Cincinnati, Ohio 

An important quality of traditional musical sound is the rich en- 
semble effect which results in part from the combination of multiple 
sources that have the same nominal pitch but slightly different fre- 
quencies. Organ builders provide celeste ranks of pipes which are 
intentionally detuned from their neighbors. An analogous system has 
been developed for the electronic organ to provide a new set of 
sources of similar timbre yet transposed in frequency either up or 
down from the corresponding input frequencies. 


A NEW TOOL FOR THE EXPLORATION OF UNKNOWN 
ELECTRONIC MUSIC INSTRUMENT PERFORMANCES 
Harald Bode, The Wurlitzer Co., Corinth, Miss. 
A new modular tone and envelope shaping and modifying device 
combined with an alternating sound pattern creating device will be 
described. These units, which may be adapted as an integral part 
to an electronic music instrument, comprise a variety of different 
types of sound shaping and changing black boxes, which may be 
combined to a large number of systems, thus being capable of pro- 
ducing an almost unlimited variety of novel performance features, 
which then may be studied and evaluated. Some of the more un- 
usual and unique modules of this research will be demonstrated. 


Wednesday Morning, October 12, 1960 


SPEECH INPUT COMPONENTS AND 
SYSTEMS 


Chairman: John Bourcier, American Broadcasting 
Company, New York, N. Y. 


THE REDUCTION OF WIND NOISE IN MICROPHONES. 
THE PITFALLS OF IMPROVISED WIND SCREENS 
L. R. Burroughs, Electro-Voice, Inc., Buchanan, Mich. 


This paper will deal with wind screen design and construction as 
well as the pitfalls of improvised screens, a new material for wind 
noise reduction, and a low frequency filter for use with wind screens. 


A MICROPHONE WITH AN ELASTIC CABLE: THE 
VEGA-MIKE SYSTEM 
R. J. Tinkham, Vega Electronics Corp., Cupertino, Calif. 


A technique of microphone operation that maintains the cable off 
the floor, thus allowing great freedom of action for the user. 


USE OF POLYESTER FILMS IN MICROPHONE DESIGNS 
Alex Badmaieff, Altec-Lansing Corp., Anaheim, Calif. 


When polyester films are used for microphone diaphragm material, 
it improves microphone design and provides wider frequency response 
together with lessened physical size. A means of further protecting 
the microphone diaphragm and unit from foreign matter is provided 
by a sintered bronze filter. 


PERSONAL MICROPHONES 
H. F. Olson, J. Preston, and J. C. Bleazey, RCA Laboratories, 
Princeton, N. J. 

The term “personal microphone” is used to designate a microphone 
worn by a speaker with the resultant sound pickup inherently limited 
to the person wearing the microphone.’ The operational characteris- 
tics of personal microphones will be discussed. Various types of 
microphones suitable for personal applications will be described. 


SMALL UNIDIRECTIONAL DYNAMIC PROBE 
MICROPHONE 

Ernest Seeler, Shure Brothers, Inc., Evanston, Ill. 

This paper describes a unidirectional dynamic microphone of small 

size utilizing the “uniphase” system. Under idealized conditions the 
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elements of the phase shift network employed can be shown to be 
functions of the independent variables. Under real conditions certain 
modifications of the phase shift network are necessary; these are 
described, as well as a partially laminated Mylar diaphragm used. 


HIGH-QUALITY HIGH-RELIABILITY AMPLIFIERS 

James J. Noble, Altec-Lansing Corp., Anaheim, Calif. 

Fixed gain amplifiers used in broadcast, recording, and speech re- 
inforcement systems have been fairly well standardized as to ampli- 
fication. Other performance requirements have become more strin- 
gent. This paper describes new plug-in amplifiers having improved 
capabilities, possessing an unusually high degree of reliability, in 
which the design choice remained with tubes rather than transistors. 


THE INTEGRATED USE OF MINIATURE RF 
MICROPHONES, IN TV STUDIO PRODUCTION, 
VERSUS PRE-RECORDING 

W. C. Merrill, Port-O-Vox Corp., New York, N. Y. 
New developments in micro-miniaturization and FCC rulings allow 
multichanneled use of rf microphones in musical TV studio produc- 
tion. Set design and ever-changing uses of TV cameras dictate 
problems in sound pickup not solved by conventional means. The 
use of the rf microphone places the resolvement of audio problems 
with the engineering department, where they belong, and not with 
the performer. 


DESIGN OF AN AUDIO DELAY LINE FOR COMPATIBLE 
STEREO BROADCASTING 

R. E. Lafferty, Boonton Electronics Corp., Morris Plains, N. J. 

A 10-msec delay line comprised of tee and bridged-tee sections will 
be described. The sections are m derived with m—1.49. The de- 
sign and construction will be discussed, as well as attenuation, equali- 
zation, bandwidth, and phase linearity. The line is used in a stereo 
system developed by F.K. Becker of Bell Telephone Laboratories, Inc. 


Wednesday Afternoon 
LOUDSPEAKERS 


Chairman: John Preston, RCA Laboratories, 
Princeton, N. J. 


COMPACT ARRAYS OF HIGH POWER HORN DRIVERS 
FOR GENERATING INTENSE SOUND FIELDS 
S. E. Levy and R. W. Carlisle, University Loudspeakers, Inc., 
White Plains, N. Y. 
The development of a high power horn driver is described including 
the significant factors affecting mechanical stresses and temperature 
rise. The application of this driver to several compact arrays of 
multiple throat horns is illustrated. Individual drivers can be made 
with power rating of 60-w program material. Multiple throat horns 
for 4, 6, 12, and 24 units have been developed. The efficiency over 
the range significant to speech is of the order of 35%. 


MINIMIZING INTERFERENCE EFFECTS IN TWEETERS 
AND TWEETER-WOOFER COMBINATIONS 

Joel Julie, University Loudspeakers, Inc., White Plains, N. Y. 

Point source versus large area tweeters are analyzed in terms of phase 

interference; also, phase interference is analyzed in the crossover re- 

gion in woofer-tweeter combinations. Theoretical findings are sub- 

stantiated with experimental results. 


THE FUNDAMENTALS OF LOUDSPEAKER DESIGN 

F. H. Slaymaker, Stromberg-Carlson Div., General Dynamics Corp., 
Rochester, N. Y. 

The engineering basis for the design of moving coil loudspeakers will 

be discussed including the effects of electrical and mechanical damping 

on transient response and distortion. Demonstrations will be given 
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showing varying degrees of transient distortion. Factors affecting 
the frequency response of moving coil speakers will also be discussed, 


PRODUCTION DEVELOPMENT OF A MINIATURE 
SPEAKER 
R. E. Hamson, RCA Victor Home Instruments, Camden, N. J. 
This paper reveals the problems encountered in developing a minia- 
ture, shallow speaker for production with resulting solutions to over- 
come these problems. It explains cone development for acceptable 
resonance and range by the adjustment of cone angle, compliance, and 
weight. The development of a bifilar voice coil using very fine wire 
is discussed relative to its mass and efficiency. The paper also shows 
response variations that may be obtained by varying different pa- 
rameters. 


AMPLITUDE CONTROL OF LOUDSPEAKER CONE 

MOTION IN THE RESONANCE FREQUENCY RANGE 
W. C. Trautman, Liberty Manufacturing Corp., Youngstown, Ohio 
Cone loudspeakers exhibit a peak impedance, at their resonant fre- 
quency, resulting in poor power transfer and high distortion in this 
frequency range. The development and performance of a new speaker 
with integral, nonelectrical means for minimizing this impedance peak, 
without the use of enclosures, is described. Electroacoustic efficiency 
at all other frequencies is not adversely affected. 


ANALYSIS OF THE EFFECTS OF NONLINEAR 
ELEMENTS UPON THE PERFORMANCE OF A BACK.- 
ENCLOSED DIRECT RADIATOR LOUDSPEAKER 
MECHANISM 

H. F. Olson, RCA Laboratories, Princeton, N. J. 

A theoretical analysis of the nonlinear suspension and the nonlinear 

compliance of the air in the cabinet has been carried out. The re- 

sults of the analysis have been applied to the development of a back- 
enclosed direct radiator loudspeaker with low distortion. 


ISOLATION NETWORK FOR COMBINED BASS STEREO 
REPRODUCERS 

J. F. Novak, Jensen Manufacturing Co., Chicago, Ill. 

An isolation network is described for combining low frequencies and 
providing “center-fill” in a “three loudspeaker” two-channel stereo 
reproducer. A high degree of isolation is afforded between channels 
for any degree of center-fill. Three decibels greater efficiency and less 
crosstalk are realized as compared to the dual voice coil method. 
Applications to various stereo systems are described. 


THE BIPHONIC COUPLER 

A. B. Cohen, Advanced Acoustics Corporation, Nutley, N. J. 

The Bi-Phonic Coupler achieves low frequency reproduction through 
a reinterpretation of well-established basic acoustic principles by ex- 
tending them into areas not generally explored. 


Wednesday Evening 
AMPLIFIERS 


Chairman: Victor Brociner, University Loud- 
speakers, Inc., White Plains, N. Y. 


THE DESIGN OF LOW NOISE TRANSISTOR AUDIO 
AMPLIFIERS 

J. W. Halligan, Philco Corp., Lansdale, Penn. 

This paper describes the effect of various amplifier parameters on 
noise figure, and points out the proper use of any freedom in the 
selection of these parameters so as to minimize amplifier noise figure. 
The discussion, applicable to either wide-band or narrow-band ampli- 
fiers, includes the effect of operating point, biasing circuitry, optimum 
source resistance, and the selection of the transistor itself. The use 
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JAIRCHILD Professional Products 


MODEL 641 STEREO CUTTER SYSTEM 


RF feedback circuit minimizes distort 


The first cutterhead designed especially for cutt 
45/45 stereo discs. Not a comprousse a n ms 
An excellent stereo cutter, the Fairchild 641 also 
doubles as a lateral cutter capable of cutting high- 
level, high-quality monophonic discs. 
Construction features an armature made in one 
rp of aluminum and magnesium; high tempera- 
ture windings and impregnation assures high reti- 
ability. Nothing to adjust, burn out, or go out of 
er. This is the first cutter system using modern. 
all-ceramic output tubes in two rugged, high-power 


642 Cutterhead amplifiers built on a single chassis. Operation is 


entirely in Class A with minimum distortion, yet 


le of delivering 2000 watts peak —s r for good transient response. Unique 
and provides an ~the-head 


accurate off-th 


monitoring system with line level output. 


SPECIFICATIONS 
ohms Snoue Level —5 dbm to +15 dbm 


Input Impedance: 600 Requirements: 
{ for standard recording = Frequency Response: +2 db, 20-15,000 eps each 


: Less than 0.15 


14 ke and 14.05 ke, 
es than 0.5% at 14 em/sec, 1-15 ke 


Bt Harmon nic Distortion: 
fl amplitude (30-1,000 eps). Maximum Cutting Level: Better than 
Channet-to-Channet Separa- 


60 cm/sec up to 5 ke, and 30 cm/sec above 5 ke. 


bar Cs 2 
channel 
both at 30 em/see 
and at 2 

' . 


tion: Better than 20 db. 


Cutretehd Model 663 Steven Cutter Syetens—Compiete. 


644 Am plifier Net Each 


A radical departure from the classical limiter 
design: characterized by the complete absence 


of audible thumps, distortion and noise. An- 
other feature is its extreme stability over long 
periods of time. 


The Fairchild Model 670 may be operated either 
as two independent limiters or as a vertical- 
lateral component limiter. Function change 
made by the flick of a switch. The complete 
unit is enclosed within 14 inches of rack space. 


A special feature of the unit is its ability to 
produce full limiting effect during the first 
10, ofa (unlike conventional 
limiters that pass short transients due to their 
slowness of attack). 


Front View 


input Imvedance: 600 ohms each channel. 
Output Impedance: 600 ohms each channel. 


wency lespomse: ” 
Sevaration: 60 db, A- B feat 40 db, Vertical-Lateral position. 
rrg Time: Raigmtente 0.2 e 0.3 to 25 gy in 6 positions. 
or Harmonic han 1% at any level up to 


MODELS 600 AND 602 CONAX 


new concept in limiting devices, especially developed for use in 
svstems with treble pre-emphasis such as dise recording and 
FM/TV sound ‘transmission Its action is instantaneous and 
inaudible for most program material; allows 4 to 6 db higher cut- 
tings or transmitting levels. Also effective in tape and optical 
recording. Input Impedance: 600/150 ohms each channel 
mee: 600/150 ohms each channel. Input Level Range: 
2 VU to +10 VU. Frequency Response: 25-15.000 al os “low 
filter threshold. Separation: Better than 45 db. Harmon 
tortion: Less than 1% at +18 dbm, below filter threshold. ‘Filter 
3 Adjustable in six steps. or 
Fairchild Model 602 Stereo Conax—Net Each...... 


— Model 600 Single Channel Conax—Net....$300.00 


Fairchild Model 601 Single Channel Cona 
4B GD CREM. WEE TRAD. 2.0.02. cc ccccsccccsccscccecees 


MODEL 605 STEREO-EQUALIZED PREAMPLIFIER 


Designed as a calibration tool; compact, complete stereo preampli- 
fier for dise playback systems. About the size of a passive equalizer, 
it fits in the turntable cabinet top. Two types of input: Trans- 
former with 3 different impedances, and grid directly. Selector 
switch for stereo or monophonic with 3 equalizations each; line 
ay output; two treble response anes ments for each channel and 
0 db level adjustment. Input Impedances: 600, 150, 37.5 and 
a7. oe ohms. Output 1 napedenens 600/150 ohms. F uency 
eapenase Deviation from on ified curves +1 db, 30-15, eps. 
re’ rois: +10 db at 15 ke. Equivalent Noise: — 120 dbm 
for transformer input; — io dbm for grid input. Harmen 
ion: Better than 1% at +18 dbm. Equalization: Flat, RIAA 
and oon oe. 


+18 dbm output (no limiting). Less than 1% at 10 db limiting 
+12 dbm outpw 
Power : 3 amps, 115 v. AC, 60 eps. 


a 670 Stereo <iier— $4435°° 
vet — ercvecce 


MODEL 680 POWER AMPLIFIER 
Space saver among power amplifiers delivers 200 watts peak power 
in 5%” rack space. Excellent as a monitor amplifier or cutting 
—_ lifer; or, in any other audio spplic ation. Front panel meter 
pushbuttons for AC and DC balancing. Two types of ‘nput 
reunoreat and grid directly. Floating output circuit. tnput 
25 dbm for 10 w. output (680-1): 0.4 v. for 
pedance 


10-watt output (680-2 2). Output Im; and 16 ohms: other 
impedances on special order. Fi s #126, 35- 
20,000 cps, up to 80 watts. Distortion: Lees than 1) at 


80 watts. Damping Factor: 10. Noise Level: Better than Oo 


below 100 watts 

Fairchil pe A et 600/150 ohms. Net 

‘airchiid Model 680-2——Input, 100K ohms unbalanced: 200K 
ohms balanced. Net Fach. $299.50 


MODEL 530G 3-SPEED TRANSCRIPTION 


T E 
Professional, high bg turntable for broadcast and lab use in 
reproducing 3344, 45 and 78 rpm recordings. Ideal for highest 
quality stereo Ane plaxback. Extremely accurate in program 
timing at all speeds. Direct gear drive operates from synchronous 
hysteresis motor; no rim slip or over-run clutch slip. Quiet, wow 
and flutter-free drive. Smooth, ripple-free power transfer from 
pte snag motor to reduction mechanism in oil bath using three 
ve-action cogged belts. Fast cueing. Noise, rumble and vibra- 
tion pean & non-existent. Speeds: , 45 and 78.26 rpm 
ton: Absolute eS — limits of power line frequency 

| ible: Meets NARTB specifications, vertically and laterally 
(#1 db, 10-250 eps), 41 ‘au helow 7 em/sec at 1 ke. Measured 
excluding frequencies below 50 cps: 55 db below 7 cm/sec. at 1 ke 

Ww an utter: Below 0.1°% peak, including all frequencies 
between 0 and 500 eps (exceeds NARTB specs). C Time: 
Stable. speed reached from motor start in 44 revolution, 35 and 45 
rpm; % revolution at 78 r pm. Cueing by slipping record is prac- 
tical at any speed. Turntable: 16° dia., undercut at top for easy 
record removal. Meter: | 20° hp sy nehronous 
Le watts, 110-120 v. AC, 60 eps gare pee: 

614" h. (turntable height, 28” 
with buffed aluminum trim. Weight, 256 Ibs. 
Fairchild Model 530G Turntable— Net Each 


600X-60A 


Unique in design and application, reliable in performance are two of the many outstanding characteristics of ALL 
FAIRCHILD PROFESSIONAL PRODUCTS. You can specify and recommend FAIRCHILD with confidence. Further per- 


formance data on listed products available: contact 


Fi | 
= E FAIRCHILD Recording Equipment Corporation 
Professional Products Division, 10-40 45th Avenue, Long Island City 1, N. Y. 
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of feedback to obtain desired input impedance and gain characteristics 
without degrading noise figure is described. 


CLASS B POWER AMPLIFIER PERFORMANCE WITH 
SILICON TRANSISTORS 

D. V. Jones, Semiconductor Products Dept., General Electric Co., 
Syracuse, N. Y. 

A transformerless output circuit, capable of 8 watts, that gives both 

improved high frequency and high temperature performance for a 

solid state power amplifier. The power response at 5 watts output is 

flat from 30 to 15,000 cycles. The circuit is stabilized to operate at 

ambient temperatures up to 175°F (80°C). The IM distortion at 4 

watts is less than 1%. 


A HIGH POWER STEREO OTL AMPLIFIER 
Julius Futterman, Pacotronics Inc., New York, N. Y. 


Each channel is capable of supplying over 80 peak watts of program 
material into a 16-ohm load with extremely low distortion. The load- 
speaker is ac coupled to the amplifier and over-all negative feedback 
from the load to the input of the amplifier maintains the low fre- 
quency square-wave response. Six, type 6DQ6B tubes are used in 
the output stage. 


DESIGN CONSIDERATIONS OF TRANSISTORIZED 
PORTABLE PUBLIC ADDRESS SYSTEMS 
Joel Julie, University Loudspeakers, White Plains, N. Y. 


Two designs of transistorized public address systems are discussed. 
These include a 5-w hand-held power megaphone and a 25-w portable 
unit equipped with talk-back feature. Factors affecting performance, 
battery economy, and production cost are analyzed in order to obtain 
most desirable solution. Circuits and performance data will be given, 
followed by a demonstration. 


A TRANSISTORIZED STEREO AMPLIFIER 

W. S. Barden and C. F. Wheatley, RCA Semiconductor and 
Materials Division, Somerville, N. J. 

In view of the widespread interest in sound reproducing systems, 

this paper sets forth a fully transistorized pair of line-operated am- 

plifiers with emphasis placed jointly on economy and meritorious 

performance. The system is designed to operate from a ceramic 

pickup and deliver 10 w per channel. Means for channel balancing 

are embodied in the design, and a fully adjustable arrangement of 

tone controls is included. 


A HIGH SENSITIVITY POWER PENTODE USING THE 
“SHADOW GRID” TECHNIQUE 
J. W. Trautwein and C. D. McCool, General Electric Co., 
Owensboro, Ky. 
Using an old idea, the shadow grid technique, and applying it to a 
new tube design, an audio power pentode, a tube with very desirable 
characteristics was obtained. Following the introduction of the 
6FG5 shadow grid pentode, a logical extension of the low screen 
current advantages of this construction was to incorporate it in a 
power pentode for audio applications. Characteristics and construc- 
tion of an experimental pentode are given, with typical output and 
distortion figures. Featuring very low audio input drive voltages, 
this new design may permit, in many cases, a reduction in the num- 
ber of stages of amplification required. 


AUDIO-FREQUENCY MAGNETIC AMPLIFIER 

D. F. Marcks and R. M. Bergslien, Lumen, Inc., Joliet, Ill. 

The magnetic amplifier described in this paper utilizes the so-called 
“self-balancing principle” and an 18-kc power supply. The end 
result of this approach is a considerable upgrading in frequency re- 
sponse and input impedance characteristics, which opens a broad 
area of practical applications in instrumentation and control which 
has normally been considered the domain of the vacuum tube. The 
characteristics of this amplifier are such that it may even be used 
for quality sound production. 
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Thursday Morning, October 13, 1960 


DISK RECORDING AND REPRODUCING 


Chairman: Benjamin B. Bauer, CBS Laboratories, 
Stamford, Conn. 


PHOTOMICROGRAPH OF RECORD GROOVE PROFILES 
J. H. McConnell, Electro-Sonic Laboratories, Long Island City, N. Y. 
A further investigation of stereophonic phonograph record grooves. 


Slides of cross-sectional views of representative records will be pre- 
sented. 


MECHANICAL IMPEDANCE AT THE STYLUS AND THE 
DESIGN OF STEREO PHONOGRAPH CARTRIDGES 

N. H. Dieter, Jr., Sonotone Corp., Elmsford, N. Y. 

The definition and measurement of mechanical stylus impedance will 
be described and examples of measurements presented. These meas- 
urements will be related to the performance requirements of a 
phonograph cartridge and the design factors that must be considered. 
The conclusion will point out the limitations of “compliance” and 
“mass” as indicators of the mechanical ability of phonograph car- 
tridges. 


THE QUEST FOR AN ULTRA-LIGHTWEIGHT 
PHONOGRAPH PICKUP 
F. V. Hunt, Harvard University, Cambridge, Mass. 
Pickup design features which contribute to lowered requirements on 
tracking force have been reviewed systematically with particular 
reference to a stereo pickup having a dynamic mass at the stylus of 
160 wg, no damping material, and capable of tracking at a bearing 
weight of 0.2 g with an electrical output of several millivolts. Various 
problems which are minor in conventional lightweight pickups assume 
new importance in this range of bearing weight. Experimental work 
with such a pickup, still in progress, will be described. 


REPRODUCTION DISTORTION—ITS MEASUREMENT 
AND INFLUENCE ON STEREO PHONOGRAPH 
CARTRIDGE DESIGN 

Philip Kantrowitz, Sonotone, Corp., Elmsford, N. Y. 


Measurements of harmonic distortion produced by stereo phonograph 
cartridges reveal the influence of pinch-effect upon reproduction. The 
results of experiments verifying analytical calculations will be given 
and methods of reducing pinch-effect distortion will be discussed. 
Intermodulation distortion measurements also contribute to the estab- 
lishment of the important cartridge design requirements for minimum 
reproduction distortion as well as the recording limitations to achieve 
the same goal. 


NEW APPROACH TO TONE ARM DESIGN 
George Alexandrovich, Fairchild Recording Equipment Corp., 
Long Island City, N. Y. 


This paper is a review of the present state of art in tone arm design 
giving deficiencies of conventional tone arm and effects of pull-in 
force, so-called “skating force,” on reproduction of sound. Construc- 
tion and advantages of a new Fairchild 500 tone arm which eliminates 
deficiencies present in conventional tone arms and has a built in “anti- 
skating” device. 


DESIGN OF A STEREOPHONIC PICKUP CARTRIDGE 
G. A. Morrell, Jr., The Astatic Corp., Conneaut, Ohio 


This paper discusses the design of a high performance stereophonic 
pickup cartridge of the type using piezoelectric ceramic transducer 
elements. The discussion covers design factors affecting electrical 
performance characteristics, mechanical impedance effective at needle 
point, and electrical impedance at output terminals. Results of ex- 
tensive operating life tests are discussed. 
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SOME ASPECTS OF WEAR AND CALIBRATION OF TEST 
RECORDS 

Roger Anderson, Shure Brothers, Inc., Evanston, III. 

This paper reports the results of an experimental investigation con- 
cerning the wear occasioned by the initial playing of a test record 
at various needle forces, using a technique which permits measure- 
ments prior to the “first” playing. In addition, the application of 
Buchmann-Meyer light patterns to the velocity calibration of stereo 
test records will be discussed. 


A VERSATILE PHONOGRAPH PICKUP 

George Grover, Electro-Voice, Inc., Buchanan, Mich. 

A single element ceramic stereo pickup with external connections 
allowing a choice of vertical, out-of-phase stereo, or standard stereo. 
For the latter, option is provided for two different capacitance-output 
ranges. 


Thursday Afternoon 


MAGNETIC TAPE RECORDING AND 
REPRODUCING 


Chairman: Walter H. Erikson, West Collingswood, 


TAPE TALKING BOOK SYSTEM FOR THE BLIND 

Alfred Korb, Div. for the Blind, Library of Congress, Washington, 
mC. 

The paper discusses a tape “talking book” system for the blind to 

replace the present 3344 rpm disk system. The development consists 

of a tape cassette, tape recorder designed specifically for the blind, 

and high speed duplicators. 


TAPE RECORDER DESIGNED FOR THE BLIND 
Herman Levin, Cook Research Laboratories, Morton Grove, III. 


This paper discusses the design considerations of the Magnabook 
Reprocorder, a magnetic tape machine for use by the visually handi- 
capped. Approach criteria are discussed. The resulting design is 
illustrated. 


TAPE DUPLICATING SYSTEMS FOR TALKING BOOK 
PROGRAM 

Sidney Himmelstein, Cook Electric Co., Skokie, Ill. 

Despite the fact that the talking book system tape format is com- 
patible with widely used recording standards, several input/output 
variations must be handled by the duplicating system. Furthermore, 
if the talking book program is to be successful, the duplicating system 
must be capable of reliable operation by inexperienced personnel. 


THE CHARACTERISTICS OF HIGH SENSITIVITY 
MAGNETIC TAPE COATINGS 
Edward Schmidt, Reeves Soundcraft Corp., Danbury, Conn. 


The internal arrangement of the particles of a magnetic coating made 
from acicular gamma iron oxide have typically been porous brush 
pile structures, with considerable void areas. This has resulted in 
relatively low total densities of the pigmented layer. Higher sensi- 
tivity coatings, with reduced thickness, are now commercially prac- 
tical. 


A MINIATURE COMBINATION RECORD, REPRODUCE, 
AND ERASE HEAD FOR 8-MM MAGNETIC SOUND 
ON FILM SYSTEMS 

M. S. Shatavsky, Sonotone Corp., Elmsford, N. Y. 


The requirements of a head applicable to 0.025 in. track width oxide 
striped 8-mm movie film are discussed. A design incorporating all 
three functions of record-reproduce and erase is presented and ana- 
lyzed. The measured performance characteristics of an operating 
model are described with discussion of the methods of measurement. 


VISIBLE MAGNETIC RECORDINGS 

W. P. Gukenburg and C. D. Mee, CBS Laboratories, Stamford, 
Conn. 

The techniques for making magnetic tape recordings visible are re- 

viewed. Applications of these techniques to problems such as the 

field distribution around a recording gap are illustrated and the 

effects of different head and configurations compared. 


A MODERN ACOUSTIC MISSILE LAUNCH LOCATOR 
SYSTEM, THE AN/TNS-5* 

R. M. Carrell and R. Richter, Surface Communications Div., RCA, 
Camden, N. J. 

The short-medium range missile launch locator, AN/TNS-5, is a sys- 

tem which determines the azimuth of acoustic signals arriving at a 

microphone array. By triangulation from the azimuth indications 

from a number of stations, a fix on a mortar, artillery, or missile 

site is obtained. This describes the design of the azimuth ranging 

equipment. 

* Work sponsored by the U. S. Army. 


THE EFFECT OF BIAS AMPLITUDE ON OUTPUT AT 
VERY SHORT WAVELENGTHS 

J. G. McKnight, Ampex Professional Products Co., Redwood City, 
Calif. 

In recording with a standard ring head, the output is a function of 

the bias amplitude. The necessary bias for long wavelengths produces 

severe losses at very short wavelengths. Data are shown for these 

relationships, for 30 to 0.13 mil wavelengths. 


THE DESIGN OF A PORTABLE PROFESSIONAL 
RECORDER 

George Rehklau, Charles A. Wilkins, and J. H. Bennett, Ampex 
Professional Products Co., Redwood City, Calif. 

Designing a truly portable magnetic tape recorder for professional 

use presents problems not encountered in conventional equipment. 

The mechanical requirements for such a recorder are discussed, and 

the practical attainment of a small but extremely rugged tape system 

is described. 


Thursday Evening 


TWELFTH ANNUAL BANQUET: Presentation 
of Awards 


Speaker: Professor Frederick V. Hunt, Harvard 
University, Cambridge, Mass. 


NEEDLES—IN THE GROOVE OR IN A RUT? 


Friday Morning, October 14, 1960 


ARCHITECTURAL ACOUSTICS AND 
ELECTRONICS 


Chairman: John M. Hollywood, CBS Laboratories, 
Stamford, Conn. 


REVERBERATION SYSTEM FOR HOME 
ENTERTAINMENT EQUIPMENT 

H. E. Dow and M. E. Swift, Philco Corp., Philadelphia, Pa. 

Electromechanical delay lines are used to generate signals similar to 

those of natural reverberant energy. Methods of mixing and control 

are discussed. A demonstration is part of the presentation. 


SOUND CONROL TECHNIQUES FOR THE LEGITIMATE 
THEATRE AND OPERA 
Harold Burris-Meyer, Washington, D. C. 
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Laboratory Instruments for Analysis 
and Control of Sound and Vibration 


® Frequency Analysis 


® Amplitude Measurement 


© Controlled Time Delays 
© Sound Compression and Expansion 


maw Somi-Graph 


© 85—12,000 cps® Easily stored, permanent or reusable 
magnetic disc recording. 


The Sona-Graph Model Recorder is a new audio spectro- 
graph for sound and vibration analysis. This instrument 
provides four permanent, storable records of any sample 
of audio energy in the 85-12,000 cps range . . . the three 
visual displays made by the Sona-Graph 661-A plus an 
aural record made on a 12” plastic-base magnetic disc 
which can be stored with the visual records. 
SPECIFICATIONS 
Frequency Range: 85 cps to 12 kc in two switched bands; 
85 cps to 6 ke and 6 ke to 12 ke. 
Freq y Resp : + 2 db over entire frequency range. 
Flat amplifier characteristic overall. 
Recording Medium: Plastic-base magnetic disc that can 
be removed and stored, or erased and re-used. 


DISPLAY NO. 1 


S Frequency & Am- > 
S plitude vs Time. s 
> -4” x 12” record > 
o on facsimile pa- i 
x per. iL 
Time Intensity 


MODEL 
RECORDER 


PERMANENT RECORDS 


DISPLAY NO 2 


Intensity vs Fre- 
quency at Selected 
Time. Range: 35 
db. 


Analyzing Filter Bandwidths: 45 and 300 cps. 
Recording Time: Any selected 2.4 second interval of any 
audio signal within frequency range. 

Price: $2950.00 F.O.B. Factory, ($3245.00 FAS. New 
York) 


DISPLAY NO. 3 


Average Ampli- 
tude vs Time. 
Logarithmic scale, 
24 and 34 db 
ranges. 


Amplitude db 


wav Eh0- Vor, Sr. 


Provides a variable time delay at audio frequencies, covers 
wide time delay and frequency range. Can produce three 
separate periods of delay within any one of two ranges. 
SPECIFICATIONS 

Freq y Resp : 40 to 12,000 cps. 
Time Delay: Continuously variable, 20 to 1600 milli- 
seconds, in ranges of 20 to 540 and 60 to 1600 milliseconds. 
Flutter: 2% rms. 
Signal-to-Noise Ratio: 40 db. 
Input Signal Required: 0.5 V rms. 
Input Impedance: 600 ohms. 
Output: 1.1 ratio (unity gain). 
Output Impedance: 600 ohms. 
Output Variation With Rotation: 

+0.5 db on short delay range. 

+1.0 db (max.) on long delay range. 
Reverberated Echo: Continuously variable, zero to maxi- 
mum permissible level. 
Price: $2150.00 F.O.B. Factory, ($2365.00 F.AS. New 
York) 


xaw Auilo—-Vow 


Produces a variable time delay at audio frequencies. Pro- 
vides a reference output and two additional outputs with 
negative and positive delays passing through zero. 
SPECIFICATIONS 
Freq y Resp : 40 to 12,000 cps. 
Time Delay: Two ranges, negative to positive, passing 
through zero. 
A. Three outputs on available short delay range. 
1. Reference 2. —100 ms thru “0” to +220 ms 3. -—80 ms 


thru “0” to +240 ms 
Continuously variable to the following: 
1. Reference 2. “0” ms to +320 ms 3. +20 ms to +340 ms 


B. Three outputs available on long delay range. 
1. Reference 2. —300 ms thru ‘0” to +660 ms 3. —240 ms 
thru “0” to +720 ms 


Also continuously variable to the following: 

1. Reference 2. “0” ms to +960 ms 3. +60 ms to +1020 ms 
Panel controls may be set to obtain all positive delays from 
+20 to +1080 milliseconds in two ranges. 

Input: Dual inputs, with separate or mixed output. 

Output Impedances: Low, 600 ohms; High, 100,000 ohms. 
Other specifications same as listed for Kay Echo-Vox, Sr. 
Price: $2250.00 F.O.B. Factory, ($2475.00 F.A.S. New York) 


Write For C. lete 
Ce uk KAY ELECTRIC COMPANY 


Dept. AE-1, Maple Avenue, Pine Brook, N. J. 


CApital 6-4000 
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What’s 


your 
residual? 


no. No, NO! We don’t mean that. We're 
talking about the residual IM (leakage) in your 
IM meter. If your meter is anything except an AI, 
the residual is probably 0.2 to 0.5%. But a high 
quality amplifier itself should have less than 
0.25% at normal listening levels. Are you meas- 
uring your amplifiers or are you measuring the 
imperfections of your meter? 

Here’s how you can tell: Connect the signal 
generator output of your meter directly to the 
input terminals of its analyzer section, then 
measure the IM. Don’t connect any amplifiers 
in at all. If you get a reading of over 0.05%, 
reach for your requisition pad and order an ai 
Mcdel 168 or 168D. 


ail intermodulation meters have six delicious features. 


compact—on 834” x 19” panel 

wide low frequency range—40 to 200 or 400 cps 

wide high frequency range—2000 to 20,000 cps 

low residual IM (leakage)—under 0.05% 

vtvm included—30, 100, 300 mv; 1, 3, 10, 30, 
100 volts, full scale 

low price 


used by such leading equipment manufacturers as: 
Admiral, Ampro, Arvin, Blonder-Tongue, Boeing, 
Bogen, Fairchild, GE, co aoe Langevin, Low- 
rey Organ, Marantz, . V. Philips, Radio Crafts- 
men, RCA, Rock- rm "Seeburg, Sonotone, Stan- 
cor, Stromberg Carlson, Warwick and leading 
recording organizations like RCA and Capitol. 


DO YOU KNOW ABOUT OUR NEW MODEL 168D? 


audio instrument co., ‘inc. 
5 West 14 Street, New York 11, ‘Mow 


Vincent Mallory, Naval Weapons Plant, Washington, D. C. 

Though modern technology has made possible universal distribution 
of plays and operas, it has not improved the product itself. The 
artist is shackled by traditional technical limitations which are no 
longer valid. This paper illustrates what can be done to enhance 
the scope, flexibility, and subtlety of classical productions. 


COLORLESS ARTIFICIAL REVERBERATION 
M. R. Schroeder and B. F. Logan, Bell Telephone Laboratories, Inc. 
Murray Hill, N. J. 

Artificial reverberators are employed to simulate the effect of large 
reverberant rooms on sound signals: to add reverberation without 
changing the sound spectrum (“color”). Unfortunately, existing arti- 
ficial reverberators do influence the sound color resulting in an un- 
pleasant hollow, reedy, or metallic quality. In this paper, a new 
kind of artificial reverberator is described which has a flat amplitude- 
frequency response. 


ACOUSTIC CONSIDERATIONS IN THE DESIGN OF 
RECORDING STUDIOS 

M. Rettinger, RCA Film Recording and Television Svstems Center, 
Hollywood, Calif. 

The paper discusses recent advances in the design of recording en- 

closures. For the attainment of a “flat” reverberation characteristic, 

a number of special sound absorbers are examined. The shape of 

the studio, it is pointed out, should be dictated by its purpose, and 

some examples of unusual configuration are discussed. Finally, types 

of sound insulation are presented which allow simultaneous operation 

of adjoining studios. 


Friday Afternoon 
STEREOPHONICS I 


Chairman: Robert C. Moyer, RCA Record Division, 
Indianapolis, Indiana 


A NEW PORTABLE STEREO MIXER 

C. A. Wilkins and J. H. Bennett, Ampex Professional Products Co., 
Redwood City, Calif. 

A two-channel mixer-amplifier with an unusual degree of versatility 

is described. The four-position mixer has input facilities for four 

microphones and two program lines. Two positions may select either 

line or microphone input. Each position may be elected to feed 

either or both of the two output channels. Mixers may be “coupled” 

and/or “stacked.” 


STEREOPHONIC EARPHONES 
B. B. Bauer, CBS Laboratories, Stamford, Conn. 


When the differences between binaural and stereophonic transmission 
are analyzed, it becomes evident that correct auditory perspective 
cannot be obtained when listening to a stereophonic program with 
binaural earphones. A new circuit provides the same auditory per- 
spective with earphones as is obtained with loudspeakers in a stereo- 
phonic system. 


PROJECTOR—STEREO SOUND FOR 16 MM FILM 
R. H. Ranger, Rangertone Inc., Newark, N. J. 


Top quality stereo sound can now be tied in with the projection of 
16 mm film (or 8 mm). The basic plan is to record a synchronizing 
signal down the center of the tape in step with the filming of the 
picture. On playback this synchronizating signal will look in the 
projector to make it follow the tape movement. This makes for 
top quality dimensional sound in conjunction with projected, original, 
full-color film. 


AN OMNIFUNCTIONAL TRI-CHANNEL STEREOPHONIC 
CONTROL CENTER 

Ralph Glasgal, Fisher Radio Corp., Long Island City, N. Y. 

The stereo separation ratio is defined and methods of measuring and 
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varying it are investigated. The need for and the design of stereo 
phase, center channel, metering and other controls are discussed. 
Prominent examples of currently available out of phase stereo disks 
are presented. Circuits for balancing and calibrating stereo program 
sources, amplifiers, and loudspeakers as well as special facilities for 
recording, monitoring, tri-channel playback, earphone listening, and 
remote control are described. 


Friday Afternoon 
STEREOPHONICS II 


Chairman: Robert C. Moyer, RCA Record Division, 
Indianapolis, Indiana 


A SUGGESTED LAYOUT FOR A STEREO MASTERING 
INSTALLATION 

5. F. Temmer, Gotham Audio Corp., New York, N. Y. 

This paper will deal with all equipment necessary for the mastering 

of stereophonic disks from tape. It will cover all phases of preview 

systems needed, automation of the pitch and depth control facilities 

of the disk lathe. monitoring, equalizing, limiting, spiraling auto- 

mation, etc. 


AN AUTOMATIC STEREOPHONIC PHASER 

A. Goldberg and G. D. Pollack, CBS Laboratories, Stamford, Conn. 
An automatic stereophonic phaser is an instrument which compares 
left and right information in two stereophonic channels and if any 
common information in these channels is out-of-phase it automati- 
cally switches one of the channels to produce an in-phase condition. 
The ASP has applications in stereophonic recording and broadcasting. 
The theory of the ASP will be reviewed and field applications will 
be described. 


Friday Afternoon 
AUDIO APPLICATIONS 


Chairman: S. Edward Sorensen, Columbia Records, | 


New York, N. Y. 


AN 8-MM SOUND CAMERA AND PROJECTOR 

Ray Hennessy, Fairchild Camera and Instrument Corp., Yonkers, 
_& Ss 

An 8-mm sound camera and projector will be described, in which 

the sound is recorded on a magnetic stripe along the edge of the 

film. The sound is picked up by a microphone and recorded directly 

on the magnetic stripe along with action. The projector reproduces 

the picture and sound. 


A HIGH QUALITY 8-MM SOUND MOVIE PROJECTOR 
J. M. Moriarty, Eastman Kodak Co., Rochester, N. Y. 


A discussion of the problems peculiar to scanning magnetic sound 
tracks on motion picture film, as opposed to conventional magnetic 
tape, will be presented. An exposition of the sound projector will be 
given to illustrate how these problems were solved. Detailed descrip- 
tions of the record-playback head design and amplifier circuitry will 
be presented. Applicable recording standards will be discussed. 


A NEW CONCEPT IN MOTION PICTURE SOUND 
RECORDING TRUCKS 
C. E. Warner, Location Inc., Miami, Fla. 


The past decade has brought a great number of changes in the mo- 
tion picture industfy. This paper is concerned with trends, in Holly- 
woed and the world motion picture centers, toward more and more 
pictures shot completely or predominantly on location. 


Do you 
have trouble 


with your PA? 


If you design large public address 
systems, do you have trouble with 
echo, inadequate coverage, areas of 
confusion? Do your customers look 
scathingly at you? Use time delay 
and the Fay-Hall (Haas) effect to 
allow differently located loudspeakers 
without aural confusion. 


Model 301 Magnetic Tape Time Delay 
Unit is especially helpful in large 
auditoriums with deep balconies, and 
in large halls and ball parks where 
tricky acoustics forces use of auxiliary 
booster speakers in bad areas. 


Used in such well known places as 
Madison Square Garden, United Na- 
tions Plenary Hall, the Calgary and 
Edmonton Auditoriums, Temple 
Beth-El (New York) and the ball 


park in Louisville. 


Write for Catalog Sheet A-301. 


: tn Wen 54 Semin Rades Wine 
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AUDIO IN EDUCATION 

Edward Golub, Bureau of Audio Visual Instruction, Board of 
Education, New York, N. Y. 

A review of teaching and administrative practices and needs as re- 

lated to audio facilities and equipment in schools. Topics—language 

laboratories, building systems, phonographs, tape recorders, television 

audio, sound motion picture projectors, AM-FM radios, etc. 


BROADCASTING CLOSED CIRCUIT AND VIA PUBLIC 
TRANSMISSION CHANNELS THROUGH MASTER 
CONTROL FACILITIES 

Werner Freitag, Communication Arts Group, New York University, 
New York, N. Y. 

A communications center to provide facilities for inter-university and 

to-the-public programing has been set up in one central control center 

in the Loeb Student Center, New York University. Broadcasting, 
public address systems and music appreciation facilities, including 
library and broadcasting instruments, are provided. Details of this 
communications control concept and its equipment will be described. 


A PROFESSIONAL SYSTEM FOR PAGING, MUSIC, AND 
SIGNALING IN SCHOOLS 

P. C. Erhorn, Audiofax Associates, Inc., Stony Brook, N. Y. 

This paper describes a versatile sound system for school use, based 
upon professional studio mixer and transmission design. This system 
provides individual room or group paging, generation and distribu- 
tion of general and special program signals, telephone signaling, and 
music from radio, disk and tapes sources. 


A NEW REVERBERATION DEVICE FOR HIGH FIDELITY 
SYSTEMS 

H. E. Meinema, H. A. Johnson, and W. C. Laube, Jr.. Hammond 
Organ Co., Chicago, II. 


Friday Evening 


MEASUREMENTS AND STANDARDS 
IN AUDIO 


Chairman: Sheldon I. Wilpon, U. S. Naval Material 
Laboratory, New York, N. Y. 


AUDIO AND ELECTROACOUSTICS COMMITTEE OF THE 
INSTITUTE OF RADIO ENGINEERS 

Iden Kerney, Bell Telephone Laboratories, Inc., Murray Hill, N. J. 

The Committee is responsible for the preparation and maintenance 

of standard definitions and standards covering methods of measure- 

ments of components and systems in the field of audio. 


NEW EIA MUSIC POWER RATING STANDARDS 

J. A. Stark, General Electric Co., Decatur, Ill. 

This paper will be a discussion of the new EIA music power rating 
standards giving the technical background and significance and ap- 
plication of this method as compared to rms or peak power meas- 
urements. 


Add dramatic new realism 


YOU'RE “IN 
THE CONCERT 
HALL” WITH 


With dramatic Koss Stereophones, you'll 
thrill to new worlds of stereo sound 
reproduction. Your records or tapes sound 
just as if you had an orchestra seat in 
Carnegie Hall. Through these comfortable 
Stereophones, you hear music as perfectly 
as it can be recorded. Add personalized 
listening and sound perfection to your high 
fidelity stereo installation. $24.95. 


KOSS STEREOPHONES 


to your recorded music 


If you use headphones 
you will want to try 

KOSS STEREOPHONES ... 
the most remarkable set 
of headphones since radio 
was invented! 


What makes them so good? 


The fact that they combine 
all features one seeks in 

a headset . . . wide range 
frequency response 

(30 to 15,000 cycles) 

and comfort. The fatigue 
factor is negligible due 

to spun plastic ear 
cushions and headband. 


For stereo they are great... 
for monaural they are perfect. 


For any application where 


true sound is required 
KOSS STEREOPHONES are ideal. 


You will find KOSS STEREOPHONES 
at leading audio equipment 
dealers or write directly. 


88 Journal of the Audio Engineering Society, January, 1961 


AN 
<> M 
Mice! 
An } 
Pe he 
of re 
voic 
a st: 
: pho! 
AN 
A 
« Erv 
; Dev 
plot 
. dev: 
has 
cha 
tecl 
' teri 
} en 
ope 
all 
call 
aco 
A 
Di eee, el eee I 
; | 
ee 
s 
| 
| oe a __ 
- ee | 
——_ = i OY , . ™ . 
= a cee? fe Sel tee 
ee 4 i - 2. Ogge2 | 
Bes " » 2 : 
= ee Looe . x . ill 
zi ie wt * +98 ¢ ) - > N a a ar - ’ 
ease eel \\ \o aad aa’ Rae a | 
. we es AT Oe ee a 
= =e _ oS 
% ‘ ‘ a ———— 
a Mawiee cs ; 4 — 
, ig ee, . oe ae a i | 
a - as : a nn oy. 
eh? St Sd ees koe i ae - iia 7N. 31st St 
et eae ee a — = L a oa a 7. ae 
| 
; 
ee 


AN ARTIFICIAL VOICE FOR CLOSE-TALKING 
MICROPHONE MEASUREMENTS 

Michel Copel, U. S. Naval Material Laboratory, New York, N. Y. 

An artificial voice is described which is suitable for the measurement 

of close-talking microphone performance characteristics. Comparison 

of real voice response and physical measurement utilizing the artificial 

yoice is shown for several microphones. Use of the artificial voice as 

a standard sound source for the measurement of close-talking micro- 

phone characteristics is discussed. 


AN AUTOMATIC NYQUIST PLOTTER FOR FEEDBACK 
ANALYSIS OF ACOUSTIC SYSTEMS 

Erwin Weiss, Beltone Research Laboratories, Chicago, II. 

Devices, chiefly electromechanical, have existed for automatically 
plotting the Nyquist amplitude phase characteristics of feedback 
devices where the significant frequencies were below 100 cps. There 
has been a need for a device to plot the Nyquist amplitude phase 
characteristics which operate at frequencies where electromechanical 
techniques are no longer usable. The application of the Nyquist cri- 
teria to audio amplifiers, particularly to the complex feedback paths 
of modern hearing aids, is discussed as a method of analyzing their 
operation and synthesizing improved design. For this purpose an 
all electronic Nyquist plotter has been constructed which automati- 
cally plots the amplitude phase characteristics of the feedback in 
acoustic systems. Details are given. 


A METHOD OF TESTING LOUDSPEAKERS WITH 


RANDOM NOISE INPUT 
E. M. Villehur, Acoustic Research, Inc., Cambridge, Mass. 


A method of testing loudspeakers is described, in which the speaker's 
reproduction of white noise (or portions of its spectrum) is evaluated 
by ear, in a normally reverberant environment. The reproduced 
noise is not judged on an absolute basis, but compared to an acousti- 
cal reference, using a “live vs recorded” technique. 


LONGITUDINAL FRICTIONAL VIBRATION IN 
MAGNETIC TAPE RECORDING 


Robert Schwartz, U. S. Naval Material Laboratory, New York, N.Y 


An investigation of the longitudinal frictional vibration in magnetic 
tape recording is discussed, including the factors affecting frictional 
vibration and the development of a direct method for measuring the 
frictional vibration. Experimental data are presented to show typical 
variations of frictional vibration among various tapes through meas- 
urements of frequency modulation noise and the direct method 
developed. 


CONTROLLED BARKHAUSEN EFFECT FOR AUDIO 
APPLICATIONS 
John Wiegand, Valley Stream, N. Y. 


A secondary coil in zero mutual induction condition to a primary 
coil. A gradually altered permeability iron alloy wire, crossed, 
meshed and interlocked with these two coils. A slowly decreasing 
magnetic energy level signal leaving behind a string of residual mag- 
netism. The Barkhausen effect takes on law and order in releasing 
oscillations, duplicating such a string of residual magnetism. 


507 Fifth Avenue, New York City 


| EQUIPMENT, PARTS AND SERVICE 
ARE OUR BUSINESS 

| PHONE OR WIRE US AND YOUR 

| ORDER CAN BE ON ITS WAY TO 

| YOU WITHIN THE HOUR 


LANG ELECTRONICS 


- « « « « MUrray Hill 2-7147 


Journal of the Audio Engineering Society, January, 1961 89 


‘ 
' AR i 
> =) ee: Se " 


os ne Sad 


Add 


a Ee 


poi 
it 
e ie 
ta 
LITY : ’ 
. oa 
a 
. “y 
‘ 4 
ee a 
5 4 
ey 
. SS 
erial a 
| ie 
THE a 
as 
J. 7 
nance a 
asure- : . 
a 
aa 
rating i. 
1 ap- 3 
meas- PO a 
SORE Sas Sea es siaielidaaeinitaes Beye 
eines i wr ae Ory aie Nay 
z= “ 
ket 
fic 
_ on 
— - — = ee — : se 
rie? ' ¥ ioe 
‘ial i 
a 
| A ay P E Ss 
| a 
‘. 
| ac ri ace cir : 
Be 
ee 
i> 
| 
} 
| q 
| 
, i | 
= —- q 
; : 
Te ee 
} 
‘sa 
- 
4 


a 
- 
aa 


PREPRINTS OF FALL CONVENTION PAPERS 


No Author(s) Title 
135 Donald S. McCoy Distortion of Auditory Perspective Produced by Interchannel Mixing at High and Low Audio 
Frequencies 
136 +F. K. Harvey and Subjective Evaluation of Factors Affecting Two-Channel Stereophony 
M. R. Schroeder 
137. M. R. Schroeder Correlation Techniques for Speech Bandwidth Compression 
138 L. R. Burroughs The Reduction of Wind Noise in Microphones. The Pitfalls of Improvised Wind Screens. 
139 H. F. Olson, J. Preston, Personal Microphones 
and J. C. Bleazey 
140 ~=Willard C. Merrill The Integrated Use of Miniature rf Microphones in Television Studio Production vs Pre-recording 
141 Sidney E. Levy and Compact Arrays of High Power Horn Drivers for Generating Intense Sound Fields 
Richard W. Carlisle 
142 Joel Julie Minimizing Interference Effects in Tweeters and Tweeter-Woofer Combinations 
143. Harry F. Olson Analysis of the Effects of Nonlinear Elements upon the Performance of a Back-Enclosed Direct 
Radiator Loudspeaker Mechanism 
144. James F. Novak Isolation Network for Combined Bass Stereo Reproducers 
145 James W. Halligan The Design of Low Noise Transistor Audio Amplifiers 
146 Dwight V. Jones Class B Power Amplifier Performance with Silicon Transistors 
147. Julius Futterman A High Power Stereo Otl Amplifier 
148 = Joel Julie Design Considerations of Transistorized Public Address Systems 
149 George Alexandrovich New Approach to Tone Arm Design 
150 Harrison E. Dow and Reverberation System for Home Entertainment Equipment 
Maurice E. Swift 
151 Harold Burris-Meyer Sound Control Techniques for the Legitimate Theatre and Opera 
and Vincent Mallory 
152. M. R. Schroeder and Colorless Artificial Reverberation 
B. F. Logan 
153. M. Rettinger Acoustic Considerations in the Design of Recording Studios 
154 Ralph Glasgal An Omnifunctional Tri-Channel Stereophonic Control Center 
155 Stephen F. Temmer A Suggested Layout for a Stereo Mastering Installation 
156 John M. Moriarty A High Quality 8-mm Sound Movie Projector 
157. Werner Freitag Broadcasting Closed Circuit and Via Public Transmission Channels Through Master Control 
Facilities in the Loeb Student Center, New York University 
158 S. Joseph Campanella A Spectrographic Study of Formant Tracking 
159 William C. Wayne, Jr. Electronic Production of Choral Tone 
160 R. J. Tinkham A Microphone with an Elastic Cable: The Vega-Mike System 
161 Alfred Korb Tape Talking Book System for the Blind 
162 Herman Levin Tape Recorder Designed for the Blind 
163 M.S. Shatavsky A Miniature Combination Record, Reproduce, and Erase Head for 8-mm Magnetic Sound on 
Film Systems 
164 Herb Hearne Electronic Producticn of Percussive Sounds 
165 Frank H. Slaymaker and Speech Compression by Analysis-Synthesis 
Robert A. Houde 
166 Frank H. Slaymaker The Fundamentals of Loudspeaker Design 
167. G. A. Morrell, Jr. Design of a Stereophonic Pickup Cartridge 
168 RR. M. Carrell and A Modern Acoustic Missile Launch Locator, the AN/TNS-5 
R. Richter 
169 Philip C. Erhorn A Professional System for Paging, Music, and Signaling in Schools 
170 J. W. Trautwein and A High Sensitivity Power Pentode Using the “Shadow Grid” Technique 
C. D. McCool 
171. John G. McKnight The Effect of Bias Amplitude on Output at Very Short Wavelengths 
172 George Rehklau, The Design of a Portable Professional Recorder 
C. A. Wilkins and 
J. H. Bennett 
173. C. A. Wilkins and A New Portable Stereo Mixer 
J. H. Bennett 
174 ~—~ Philip Kantrowitz Reproduction Distortion—Its Measurement and Influence on Stereo Phonograph Cartridge Design 
175 Norman H. Dieter, Jr. Mechanical Impedance at the Stylus and the Design of Stereo Phonograph Cartridges 
176 Iden Kerney The Audio and Electroacoustics Committee of the Institute of Radio Engineers—Its Responsibilities 
and Methods of Operation 
177. Ray Hennessy An 8-mm Sound Camera and Projector 


Order from: Audio Engineering Society, Box 12, Old Chelsea Station, New York 11, N. Y. 
Prices: To members; 50¢ per copy: to nonmembers; 85¢ per copy: complete set $10.00. 
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Announcing 


The Establishment of 


S. HIMMELSTEIN AND COMPANY 
Consulting Engineers 
to be located at 
3300 West Peterson Avenue 
Chicago 45, Illinois 
a firm specializing in 
magnetic recording systems 


and computer peripheral equipments 


Unique 


TAPE 
STROBE 


Sa 


EXCLUSIVE NEW STROBE 
DEVICE FOR CHECKING 
TAPE SPEEDS OF PLAYERS 
AND TAPE RECORDERS 


Immediately indicates off speeds as well as tape slippage. 
Checks drag brake efficiency. 

Adjustable to varying tape heights. 

Can be applied directly to moving tape. 

Finest parts and construction used throughout. 

Diameter accuracy .0002” 

Calibrated for tape speeds ranging from 1% ips to 30 ips for 
either 50 cycles per sec. or 60 cycles per sec. light source. 
Comes complete in handsome grey and red instrument case. 


en Me Ke DS OT err ee $22.50 
ve, he eo Mh ees Pee ree $22.50 
Model C: 1%, 3%, 7¥2 G15 tps 2... cccccccvccces $24.50 


For 50 cycle add $5.00 to price of model. Send check to: 


Scott Instrument Labs., Dept. 807 


17 EAST 48th STREET, NEW YORK 17, N. Y. 
Once you've tried the Tape Strobe, you'll never do without it. 


MEMBERSHIP INFORMATION 


(July, August, September, October 1960) 
NEW MEMBERS 
Members 


Anderson, C. Roger—Park Ridge, Illinois 

Averill, Robert A—West Chicago, Illinois 

Baker, Donald J.—Kent, Ohio 

Balls, Ivan J.—Otley, Yorkshire, England 
Bernier, Vaughan A.—Madison, New Jersey 
Blatz, R. E—Middle Village, New York 

Britto, Alvaro J.—Sao Paulo, Brazil 

Burkowitz, Peter K.—Koln, Germany 
Camenzind, Hans R.—Beverly, Massachusetts 
Cardenas, Rene—Santurce, Puerto Rico 

Carr, Lester H.—Leesburg, Virginia 

Coleman, Richard A.—Hollywood, California 
Darroch, Robert D.—Richardson, Texas 

Dixon, Minor—Hempstead, New York 
Dochtermann, Wolfram J.—Chicago, Illinois 
Dowling Jr., Edward R.—Sunnyvale, California 
Firestone, William R—New York, New York 
Gardner, Wallace J —Cambridge, Massachusetts 
Goodall, George B—Belmont, California 
Goodwin, William A.—Cambridge, Massachusetts 
Grey, Kurt Uwe—Seven Islands, Quebec, Canada 
Harvey, Floyd K.—Murray Hill, New Jersey 
Hellering, Harvey L—Wantagh, New York 
Hill, J. H—Halifax, Nova Scotia, Canada 
Himmelstein, Sydney—Chicago, Illinois 
Hollenbach, Harry G.—Cornwells Heights, Pennsylvania 
Howes, Frederick S—Montreal, Quebec, Canada 
Huber, Paul E—Red Bank, New Jersey 

Jones, D. D—New York, New York 

Kent, Earle L.—Elkhart, Indiana 

Kolbe, Harry W.—Brooklyn, New York 

Ladd, Howard P.—Los Angeles, California 

Lane, George C—Danbury, Connecticut 

Laube Jr., William Charles—Maywood, Illinois 
Lennermalm, Lars-Olof—Solna, Sweden 

Levy, Gilbert R—Edgewater, New Jersey 
Livadary, John P.—Great Neck, New York 
Longaker, Lowell—Fort Walton Beach, Florida 
Mawby, Harold S—Buchanan, Michigan 
McDaniel Jr., Oliver H—North Babylon, New York 


| Morgan, Donald E.—East Palo Alto, California 


Mueller, William A.—Djakarta, Indonesia 
Oleson, Stanley K—Menlo Park, California 
O'Reilly, William A.—Los Angeles, California 
Parvulescu, Antares—Dobbs Ferry, New York 
Peduto, Ralph J.——Woodside, New York 
Percy, Jack C.—Altadena, California 

Pereyra, A.—Lima, Peru 

Phelps, Richard B.—New Milford, New Jersey 
Phillimore, Horace R.—Bloomfield, New Jersey 
Pickholtz, Lawrence—Pittsburgh, Pennsylvania 
Pleasure, Myron—Jackson Heights, New York 
Pomper, V. H.—Concord, Massachusetts 
Rabinow, Jacob—Washington, D. C. 

Robbins, Alex—Jamaica, New York 

Sariti, Anthony A.—Haddonfield, New Jersey 
Saslaw, David—Mineola, New York 

Sexton, Burton H.—Washington, D. C. 
Sheffrey, Thomas N.—Glendale, California 
Somer, Jack A~—-New York, New York 
Suchman, Dan F.—Rochester, New York 
Taylor, James K.—Columbus, Ohio 
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Members, continued 


Thomas Jr., Robert R.—Oak Hill, West Virginia 
Traylor, Rudy—New York, New York 

Unroe, John L.—LaGrange, Illinois 

Weeth, Henry O.—Seattle, Washington 

Weis, Richard L.—Minden, Nevada 

Wiegand, John R.—Valley Stream, New York 
Yacevich Jr., Andrew—Troy, New York 


Associate Members 
Androski, Edwin—Ramsey, New Jersey 
Clark, Leslie L—New York, New York 
Dessen, Joseph H.—Blackwood Terrace, New Jersey 
Durham, Margaret C-—New York, New York 
Edwards, Donald W.—Vestal, New York 
Ekstract, Richard E.—Forest Hills, New York 
Feldman, Sam—New York, New York 
Galluzzi, N. Paul—Beverly, Massachusetts 
Gray, L. Norman—Indianapolis, Indiana 
Greene, David—Bayside, New York 
Harvey, Lion—New York, New York 
Hubmann, Hans P.—New York, New York 
Johnson, John A.—New York, New York 
Kelly, Jon R.—Buchanan, Michigan 
Krause, Stephen R.—Pikesville, Maryland 
Libasci, A. M.—Fort Huachuca, Arizona 


Lindsay Jr., William W.—La Canada, California 
McEachern, James M.—Ann Arbor, Michigan 
Mullen, Raymond G.—Philadelphia, Pennsylvania 
Newton, John D.—Laconia, New Hampshire 
Patterson, Thomas W.—Nashville, Tennessee 
Pfeiffer, John F.—Coral Gables, Florida 

Pletcher, William R.—Lafayette Hill, Pennsylvania 
Rabin, Stan—New York, New York 

Randell, Theodore—Cambridge, Massachusetts 
Read, Keith E——Los Angeles, California 

Rhodes, Robert D.—Brooklyn, New York 

Richter Jr., Frank W.—Melrose Park, Illinois 
Riedel, Richard—Paterson, New Jersey 

Russell, Hugh N.—West New York, New Jersey 
Stan, Richard A.—Livonia, Michigan 

Streeter, Richard G—Fanwood, New Jersey 
Wayne Jr., William C.—South Fort Mitchell, Kentucky 
Weinberg, Horst J —Chicago, Illinois 

Wheeler Jr., E. Lawrence—Brooklyn, New York 


Student Members 
Brunish, George T.—Potsdam, New York 
Cone Jr., Kenneth F.—Portland, Oregon 
Dunning, Wayne W.—Ames, Iowa 
Widmayer, Frederick P.—Yellow Springs, Ohio 
Wiggins, Richard R.—White Plains, New York 


IS THIS THE WORLD'S FINEST? 
Merely to list its features and detail its specifications, without 
the use of a single superlative, takes four pages. The men who 
use NAGRA will give you the answer in one word: INCOMPARABLE! 


Highlights: Completely portable and self-powered, yet NAGRA rivals 
the finest rack-mounted studio equipment / Wow and flutter +0.15% 
peak-to-peak at NAB professional speeds (all products measured) / 
Speed constant within 0.2% at temperatures from —12°F to +120°F 
/ Response 30 to 15,000 cps +2 dB / Weighted signal-to-noise ratio 
better than 60 dB / Speeds 15, 7.5 and 3.75 ips / NAB and CCIR 
equalizations / Wired and wireless mikes / Provision for condenser- 
mike preamp-power-supply driven by stabilized internal 10V / Two 
mixing inputs / Self-start triggering by preset sound-pressure 
levels / Twelve 1.5V flashlight batteries power all functions / 
Provision for external AC and DC power supplies / Weighs 15 pounds 
and performs in any position / Distinguished functional design and 
precision Swiss craftsmanship / Limited but steady supply at $1045. 


In short, NAGRA Illb takes the 
studio beyond the power lines. 
For the four pages of features 
and specifications that make it 
a standard in many audio labs, 
write or ‘phone the USA agents: 
Electronic Applications, Inc., 
Stamford, Conn. 


/ DA 5-1574. 
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Letters to the Editor 


THE MAGNETIC CHARACTERISTICS OF RECORDING TAPES 


J. G. Woopwarp anp E. Dera Torre 
RCA Laboratories, Princeton, New Jersey 


IN TWO recent publications!-? the present authors described a 
method whereby the magnetic behavior of recording tapes could be 
characterized in terms of a 3-dimensional distribution function based 
on the characteristics of, and the interaction between, the individual 
particles comprising the recording medium. Distribution functions 
measured by an anhysteretic method for two tapes were shown. 
Since the publication of these early results, distribution functions 
have been measured using a more exact method of analyzing the 
data. While all the general conclusions discussed in the previous 
publications remain valid, the form of the distribution functions is 
changed in certain interesting details. The purpose of this commu- 
nication is to outline briefly the new method of analysis and to show 
the measured distribution functions. 

The experimental equipment and techniques used in the present 
measurements are the same as those used in the initial work. In Fig. 
1 the dashed elliptical enclosure in the Hs—Hs plane represents the 
region within which we suppose the distribution function to have 
appreciable values; B;, B,:’, Bz, and B.’ are selected maximum values 
of the high-frequency field which elementary lengths of tape experi- 
ence in passing the recording head; S,, S;:’, Ss and S.’ are the cor- 
responding values of low-frequency or dc field superimposed on the 
high-frequency field. The remanent induction in an element of tape 
corresponds to the magnetic moment contained on a triangular area 
in the Hz—Hs plane, the triangle being defined by the origin and 
the appropriate values of B and S. For example, when using values 
B, and S: in Fig. 1, the triangle of interest is OFN. Schwantke? has 
called this triangle the “remanent area.” He has termed the inner 
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triangle, OF B:, the “major area” and the outer triangle, B.FN, the 
“minor area.” For sufficiently large ratios of B/S the contribution 
of the minor area may be neglected, and this approximation was 
made in computing the distribution functions shown in references 1 
and 2. However, in some regions of the Hs—- Hs plane this approxi- 
mation is too drastic, and the present measurements show that sig- 
nificantly different distribution functions are obtained when the minor 
area is included. 

When the four combinations of B and S indicated in Fig. 1 are 
used, four remanent areas are available corresponding to four values 
of remanent induction which are measured experimentally. Taking 
second differences between the measured remanence values gives the 
magnetic moment in the region, CDEF. The area of CDEF may be 
calculated from a knowledge of the values of S and B defining the 
region. This value of area divided into the magnetic moment fer 
the area gives the magnetic moment per unit area, which is by 
definition the value of the distribution function in this region of the 
Hz-Hs plane. A systematic choice of values of B and S permits 
the measurement of the distribution function over most of its ex- 
tent in the Hz - Hs plane. 

Figure 2 shows the measured distribution functions for the same 
two tapes for which results were reported previously. The distribu- 
tion functions are located in the H+ — H_ plane, these axes being ro- 
tated 45° relative to the Hz-—Hs axes in their own plane. Marked 
differences between the distribution functions of the two tapes are 
still obvious. For both tapes the distributions are now entirely con- 
tained within the first quadrant of the H:+-H-. plane, in contrast 
with the extrapolations into other quadrants required in the earlier 
measurements. The distribution for tape A, which is a sample of a 
compatible, commercial product, is similar in its general form to the 
distribution measured for another commercial sample by Daniel and 
Levinet who used a dc magnetization method to obtain their result. 


1 J. G. Woodward and E. Della Torre, J. Audio Eng. Soc. 7, 189, 
222 (1959). 

2 J. G. Woodward and E. Della Torre, J. Appl. Phys. 31, 56 (1960). 

3 G. Schwantke, Frequenz 12, 383 (1958). 

4E. D. Daniel and I. Levine, J. Acoust. Soc. Am. 32, 1 (1960). 


The editors of the Journal urgently need short, impor- 
tant and timely papers for the Letters to the Editor 
department. If you have written, or contemplate writ- 


ATTENTION AUTHORS 


ing such a paper do let us review it for possible publica- 
tion. The Woodward - Della Torre “short” above is an 
example of what we have in mind. 
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SECTION MEETING REPORTS 


Les Angeles, Hollywood Knickerbocker Hotel, August 30, 1960 

Program: “The Use of Transistors in Professional Audio Applica- 
tions” by Richard Heyser, senior research engineer, Altec Jet Pro- 
pulsion Laboratories, Pasadena, California. 

Mr. Heyser spoke at a dinner meeting of this section at which he 
presented a general discussion of semi-conductors as related to their 
practical application in professional audio field. He also cleared up 
some “mysteries and old wives’ tales” about semi-conductors. 


Les Angeles, Radio-Universal Recorders, 1441 North McCadden 
Place, “Studio 10-H of MPTV,” September 27, 1960 

Program: After an informal dinner at the Cafe de Paris, the L.A. 
Section went on a field trip and tour of “Studio 10-H of MPTV.” 
A very interesting tour of one of the newest and most versatile stereo 
recording facilities in Southern California. 


San Francisco, Stanford Research Institute, Menlo Park, October 5, 
1960 

Program: George Rehklau, Charles Wilkins and John Bennett, all 
from Ampex Professional Products engineering staff, described the 
new professional product line of Ampex to an interested group of 58 
members. The talk which concerned the PR-10, 2-Channel Recorder, 
SA-10 Speaker Amplifier and MX-10 Stereo Mixer, was a condensed 
version of papers the Ampex men gave at the AES Fall Convention. 


Los Angeles, Hollywood Plaza Hotel, October 25, 1960 

Program: “The Design and Application of a Variable Frequency 
Dip Filter” by Howard Holzer, chief engineer, Contemporary Rec- 
ords, Hollywood, California. 

At a varied and interesting dinner meeting of the Los Angeles 
Section, Mr. Holzer discussed and demonstrated a unique variable 
frequency dip filter, which has proven to be a valuable “tool of the 
trade” in the industry. 

Also at this meeting, two excellent 16 mm color documentary films 
were shown: “Golden Gate Empire” and “Wild Shores.” 
presented by Vincent Hunter of Pacific Colorfilm, Incorporated. 

Special guest at this section meeting was vacationing AES President 
Dr. Harry F. Olson who came all the way from Princeton, New 
Jersey to rest up in California after the hectic Fall Convention week. 


Pittsburgh, KOV Studios, October 28, 1960 
Program: A group of 16 members went on a special evening tour 


They were | 


of the Bell System and AT & T facilities, emphasizing broadcast lines | 


and switching equipment, both radio and TV. Also included on the 
tour was inspection of message facilities, particularly the new direct 
distance dialing, and test-table equipment and operations. 
The section recommends that in planning such tours major em- 
phasis be kept on broadcast line equipment, techniques and operations. 
The treasurer’s report was also read at this meeting and newly 
elected officers were introduced to the section. 


San Francisco, Stanford Research Institute, Menlo Park, November 
2, 1960 
Program: “Design Considerations of Audio Frequency Transform- 
ers” by Stan Hose, senior design engineer, Tried Transformer Corp. 
A large number of members attended this interesting talk on leak- 
age inductance and capacity of output transformers. 


Los Angeles, Station KBIQ-FM, Mount Wilson, November 29, 1960 

Program: Los Angeles Section went on a unique field trip by bus 
to Mount Wilson after an informal dinner at the Hollywood Gourmet 
Restaurant. At Mount Wilson, they toured the main studios of 
Station KBIQ-FM, the FM outlet of John Poole Broadcasting Co. 

Of specific interest was the fully automatic programming on tape, 
utilizing the “Shafer 1200 Automatic Programmer,” which uses seven 
Ampex tape machines. Especially pointed out was the complete re- 


mote control of the station’s FM transmitter located approximately | 


fifty miles away on the summit of Mount Wilson. 


Better than luv Audio-band 
Noise in a Stereo Preamp? 


Gil consule 


Only an engineer can fully appreciate the performance 
characteristics and quality of construction offered in Marantz 


equipment. As an example, only the Marantz model 7 Stereo 
Console can give you these features: 


Unique very-low-noise input circuit. 

Equivalent total noise input, 20-20000 eps: 08 uy, typical; 
max. (total noise, 60 db below 1 mv input where Zgen — 
ohms max.) 

* Noise-selected film resistors in sensitive plate and cathode circuits. 
* Mu-metal shielded, hum-bucking power transformer. 

* Hum inaudible through thermal noise, even with RIAA phono curve. 
. 

. 

. 


1 av 
2000 


Well filtered DC for heaters. 

Carefully designed grounding system for minimum hum. 

Tubes and main assembly on heavy, fully shock-mounted turret 
terminal board. 

* Laced cables. 

* Incremental tone controls accurately resettable in each channel. 
Each step switches individual feedback network, “Flat” position 
cuts out reactive components. 

* Hermetically sealed, ganged volume control with better than 2 
db tracking at any setting to -65 db. Attenuation range, 90 db. 

* Tape recording and monitoring facilities. 

* I.M. distortion, 10 V equiv. pk. RMS, 60-7000 cps 4:1 ratio 

than 0.15% (Proportionately less at normal output levels). 

Gain: Phono (RIAA); 64% db @ 1000 cps. Stepup transformers 

not needed. High Level: 22% db. 

15 Amp power switch. 6 AC line outlets for 1700 watts associated 

equipment. 

* Heavy brushed aluminum panel, finely machined knobs, anodized 
pale gold color. Rack mounting to order in clear anodized aluminum 
finish at slightly higher cost. 


* Every unit completely tested and adjusted to meet specs. Test 
card included. 
Also Supplied Rack M d (Model 7R) 


r-------------------------- 


The model 8 Stereo Amplifier is a perfect match in standard 
of performance and construction. While many amplifiers 
measure quite well on sine wave test, this has little relation 
to their behavior toward the transient signals encountered 
in musical material. The exceptionally clean overload char- 
acteristics, instantaneous recovery, and unconditional stability 
of the model 8, shows up where it counts—on the loudspeaker ! 
It easily outperforms and outdrives high fidelity amplifiers 
presently available. 


* More than 30 watts per channel (over 40 W with selected tubes) 
Silicon power supply includes Sprague 17D (telephone quality) 
Electrolytics for reliability. 

Metered adjustments for both static and dynamic balance. 

Open circuit noise 90 db below rated power. 

Cool-running, conservative operation. 

Harmonic distortion at full rated power—less than 0.1% @ 1000 
eps, 0.5% @ 20 eps, 1% @ 20 ke. Proportionately less at lower 
output. 
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SOUND TRACK 


LEFT: Murray G. Crosby, president of Crosby-Teletronics Corporation, 
and a newly-elected director of AES has been appointed to the Govern- 
ment’s Patent Advisory Committee. He holds more than 180 patents in 
the field of communications, and his system for transmitting stereophonic 
broadcasts by FM stations is being considered by the Federal Communica- 
tions Commission for permanent broadcast licensing. 


Leonard Feldman, vice-president of Crosby Electronics, Inc. has been made 
a member of the Board of Directors of Crosby-Teletronics, Corporation. 
Before joining Crosby in 1950, he was president of Madison Fielding Corpor- 
ation, manufacturer of high fidelity equipment. Also a member of the 
IRE Mr. Feldman is the author of many engineering papers. 


Ross H. Snyder was recently appointed staff assistant to the director of the 
marketing division of Eitel-McCullough, Inc., San Carlos, Cal. Mr. Snyder 
was formerly with the Ampex Corporation in Redwood City. 


RIGHT: Andreas Kramer has been made research director at Ferrody- 
namics Corporation. He was previously at Audio Devices, Inc. and before 
that with the British Broadcasting Corporation as assistant chief engineer 
of North American Operations. Mr. Kramer is also a member of the IRE 
and of the AIEE and has presented papers before all of these groups. 


SONOCRAFT._ 


Now Avatalle 


the NEW PR-10 SERIES 


PROFESSIONAL 
STEREO or 
MONOPHONIC 
RECORDER 


Portable or to fit rack 
19” wide by 14” high 


= 


PULTEC 


MOST COMPLETE SOURCE FOR © 
THE PROFESSIONAL TRADE! 


Professtonat PROGRAM EQUALIZERS 
SOUND EFFECTS FILTERS 


LOW PRICED 


| AMPEX 


Lange Stock 354 STEREO RECORDER 


COURTEOUS CONSULTATION e ENGINEERING SERVICE 


SONOCRAFT CORPORATIO 


MX 35 MIXER write for quotations 


new professional catalog A-61 on request 
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e COMPLETE PARTS SUPPLY e ACCESSORIES 


Third Floor 


STEREO CONVERSION KITS 


NOW AVAILABLE 
For Monaural 350 and 351 
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| TRADE-INS | 
| ACCEPTED | 
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115 West 45th St., New York 36, N.Y. 
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